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HARVEY FLETCHER 
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(Received June 26, 1941) 


N 1934 a series of papers! on auditory per- 
spective was presented before the A. I. E. E. 

describing a transmission system which was later 
called a stereophonic transmission system. It 
consisted essentially of three complete channels 
working together, each comprising a microphone, 
a high gain amplifier, a predistorting and cor- 
rective network, a transmission line, an amplifier, 
a restoring and corrective network, a variable 
distorting network and attenuator, a power 
amplifier and a loudspeaker, as shown in Fig. 1. 
It was shown that by means of this system 
symphonic music and other sounds could be 
picked up in a hall in Philadelphia, transmitted 
to a hall in Washington, D. C., and there repro- 
duced without the introduction of apparent 
distortion or noise. 

This system not only made possible the pro- 
duction of a facsimile of the original music, but it 
also had what is called an enhancement feature. 
The part of the equipment used for this enhance- 
ment is labeled ‘‘control box”’ in Fig. 1. By means 
of these controls the director of the orchestra, 
while listening to the reproduced music, raised 
and lowered at will the intensity level of each 





' Electrical Engineering, January, 1934. Bell Sys. Tech. 
J., April, 1934. 
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channel by means of dials attached to the 
attenuators. By means of appropriate switches, 
he could increase or decrease the level of the bass, 
or make the music less or more shrill by throwing 
in or out networks having a sloping frequency 
loss characteristic. These networks were designed 
to produce changes in the frequency response 
characteristics of the system, as indicated in 
Fig. 2. There were also auxiliary control circuits 
used for giving signals to the orchestra, governing 
the tempo, and giving instructions to the leader 
of the orchestra. 
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Philadelphia-Washington stereophonic-transmis- 
sion system. 
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Fic. 2. Variable network characteristics. 


In the development of the stereophonic sound 
film system (SSFS) nearly all of the features of 
the stereophonic transmission system described 
above were retained. The loudspeakers, power 
amplifiers and microphones are the same and the 
attenuating and equalizing networks are similar. 
The fundamental requirements on which the 
design of both the transmission system and the 
recording-reproducing system are based are the 
same and will be reviewed here. 

It is well known that when an orchestra plays, 
vibrations continually changing in form and 
intensity are set up in the air of the hall where the 
recording is made. An ideal system is one which 
will make a record of these vibrations and at any 
desired later time reproduce them so as to pro- 
duce at every position in the hall the same time 
sequences of wave motion as were produced 
during the recording. To accomplish this for a 
sound source which is spread out, for example, 
the sound coming into a concert hall from the 
orchestra on the stage, requires more than one 
channel. 

Suppose there were interposed between the 
orchestra and the audience a sound-transparent 
curtain on which were mounted small micro- 
phones for picking up the sound going through 
the curtain; and suppose to each microphone 
there is connected an ideal recording system. 
Records made with such an ideal system would 
have stored on them a complete history of the 
sound changes at every position on the curtain. 
Now, if small ideal loudspeakers were placed at 
the positions occupied by the microphones and 
connected to ideal machines reproducing the 
records, then a sheet of sound would be repro- 
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duced having all the characteristics of the original 
sound. Theoretically, there should be an infinite 
number of such recorder-reproducer sets. Practi- 
cally, however, only a few such channels are 
needed. On a large stage it has been found that 
three channels are sufficient to give a good 
illusion of the sounds coming from all parts of the 
stage. We developed a three-channel system not 
only because it gave better representation of 
movements on a large stage, but also because of 
the possibility of using the center channel for solo 
work while still retaining the stereophonic fea- 
tures of the orchestra on the two side channels. If 
one wished as much flexibility up and down as the 
present system gives sidewise, then the channels 
would have to be increased from three to nine. 

It is important to recognize the difference be- 
tween this stereophonic system and a binaural 
system. The latter requires only two channels for 
a perfect reproduction but requires that head 
receivers be held tightly against the ears, while 
the former can use loudspeakers but for perfect 
reproduction requires an infinite number of 
channels. If we design the system to handle any 
kind of sounds that the ear can hear and tolerate, 
then the limits of frequency and intensity are set 
by the hearing characteristics of a typical group 
of listeners. It was this ambitious objective that 
was set for the SSFS. 

During the past two years a survey of the 
hearing capabilities of persons in a typical popu- 
lation has been made by the Bell Telephone 
Laboratories. This was done in connection with 
the exhibits at the World’s Fairs at San Francisco 
and New York City, sponsored by the Bell 
Telephone companies. At these exhibits records 
of the hearing of more than one-half million 
persons were analyzed. The record expressed the 
hearing acuity as a relative hearing loss or gain 
with respect to an arbitrary reference. Measure- 
ments at the Laboratories on this reference have 
made it possible to express these data on an 
absolute scale. The results were published in a 
paper entitled ‘‘Results of the World’s Fair 
hearing tests,” by Steinberg, Montgomery and 
Gardner.” Figure 3 has been constructed from 
data taken from this paper. The lower curve 
labeled 95 indicates that 95 out of 100 persons in 





2 Bell Sys. Tech. J. 19, 533 (October, 1940); J. Acous. 
Soc. Am. 12, 291 (October, 1940). 
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a typical group cannot hear pure tones whose 
frequency and intensity levels lie below this 
curve. The top curve indicates that 5 out of 100 
cannot hear these tones until they exceed the 
intensity levels indicated by this curve. The 
middle curve indicates the levels where one-half 
the group can hear and the other half cannot 
hear. The dashed portions of the curves indicate 
regions where no measurements have been made. 
Feeling and hurting levels lie somewhere above 
120 db as indicated by the field of dots at the top 
of the chart. Our experience with reproduced 
music has taught us that it is undesirable and 
probably unsafe to reproduce sounds for a general 
audience that have greater intensity levels than 
120 db. 

If the listener is in a quiet place, these curves 
set the limits for the ideal transmission system. 
This ideal of no noise is seldom if ever realized by 
listeners. Measurements of room noise have been 
made by the Bell Telephone Laboratories and 
from these measurements the average noise 
spectrum can be deduced. In a paper by Seacord?® 
it was found that 43 db was the average sound 
level in residences not having radios playing. The 
standard deviation of levels in different residences 
from this figure was 5.5 db. The distribution 
about this average value indicated that about 
one-half the residences have noise levels between 
39 and 47 db, and 90 percent are in the range 
between 33 and 52 db. 
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Fic. 3. Threshold hearing level curves for quiet and 
noisy rooms. 


3 D. F. Seacord, ‘‘Room noise at subscriber’s telephone 
locations,”’ J. Acous. Soc. Am. 12, 183 (July, 1940). 
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Fic. 4. Masking and spectrum levels for average room noise. 


Hoth‘ found that the form of the noise spec- 
trum was about the same for all types of rooms. 
This is shown for a room noise having a total 
level of 43 db in Fig. 4, lower curve. In a 
paper entitled ‘Relation between loudness and 
masking’’> it was shown that the masking level 
could be obtained directly from the spectrum 
level. Using this relation the curve shown in 
Fig. 4, labeled ‘‘Masking Level,’’ was obtained. 
This curve then gives the level of pure tones 
which can just be perceived in the presence of 
average room noise by a reference observer. This 
masking curve is shown in Fig. 3 as a cross- 
hatched band. It shows the range of the masking 
levels for about 90 percent of the residences in a 
typical group. The dotted curve gives the aver- 
age. These figures refer to residences. Measure- 
ment of noise levels by Mueller® in quiet motion 
picture theatres gave an average level of 25 db, 
but with an audience present the average was 42 
db, which is just 1 db below the average room 
noise given above. Consequently, the curves 
given in Fig. 4 will apply to this case. It will 
probably generally apply also to concert halls, 
although in this case for the very quiet listening 
periods the lower part of this hatched portion 
more nearly represents the noise conditions. It is 
interesting to note that the threshold hearing 
levels vary about 20 db due to noise conditions in 
residences, theatres, and concert halls, whereas it 
varies nearly twice this amount due to differences 


4D. F. Hoth, “Room noise spectra at subscriber’s 
mm locations,’’ J. Acous. Soc. Am. 12, 499 (April, 
1941). 

5 H. Fletcher and W. A. Munson, J. Acous. Soc. Am. 9, 1 
(July, 1937). 

6W. A. Mueller, J. Soc. Mot. Pict. Eng. 35, 48 (July, 
1940). 
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in acuity of hearing by different persons con- 
sidering only the middle 90 percent of the cases. 

If these deductions are correct, then it is seen 
that the lowest levels that can be heard by the 
average person in a group are determined by the 
hearing mechanism when the frequencies are 
below 200 or above 6000 cycles, but by room 
noise when they are between 200 and 6000 
cycles. For example, the fundamental of a 60- 
cycle hum should be kept below a 57-db level, 
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Fic. 5. Hearing limits for pure tones of a typical listener ina 
room having typical residential room noise. 


whereas any components of this hum around 1000 
cycles should be kept below 25-db intensity level. 
It isseen that for the 5 percent of the rooms which 
are quietest the limit is set entirely by the 
hearing acuity curve. This condition is nearly 
reached in some of the quietest periods in the 
very best concert halls. From Fig. 3 one can also 
set the frequency limits if all sounds that can be 
heard by the average listener are to be recorded. 
This range is from 20 cycles per second to 15,000 
cycles per second for the highest possible levels, 
and for any lower levels this frequency range is 
smaller, as indicated. 

Figure 3 also gives the maximum levels such 
an ideal system might be called upon to transmit. 
This maximum level is taken as 120 db and the 
same for all frequencies. To reproduce this high 
level in a large concert hall requires about 3 kw of 
sound power. In a small room however this level 
can be attained with about 3 watts of sound 
power. 

A summary of the limitations set by average 
hearing is shown in Fig. 5. The lower curve may 
be anywhere in the hatched area, depending upon 
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the noise conditions of the room. This figure then 
sets the design objectives for frequency and 
intensity determined by the characteristics of 
average hearing and average noise conditions in 
listening rooms. 

As stated above, most of the features of the 
stereophonic transmission system were carried 
over to the SSFS. The transmission line of the 
former is replaced by a long period delay or 
storage system in the latter. The amplified 
microphone current, instead of flowing into a 
transmission line, is translated into a record in a 
form which can at a later date be retranslated 
into a facsimile of the original recording current. 
While problems of noise, non-linear and attenu- 
ation distortion are met both in the transmission 
and storage systems, their source and character 
are such that solutions of quite a different nature 
are demanded. 

Since current in three signal channels must be 
recorded simultaneously and subsequently repro- 
duced in synchronism, a linear type of phono- 
graph carrier presents itself as probably the most 
suitable recording medium. In this class, the 
photographic sound film is farthest advanced in 
its development and was therefore adopted for 
the stereophonic system. 

Two types of sound film records are now in 
wide commercial use, area and density, each 
having advantages which we shall not discuss in 
detail. We shall merely point out the chief 
reasons for adopting the area method in this 
particular project. With a sharply defined bound- 
ary between the light and dark area, and with 
clean handling of film, the area record has initially 
the advantage of greater volume range, which is 
soon lost in successive playings. The rate of loss 
in volume range can be kept down by careful film 
handling. In the design of the stereophonic 
equipment, special thought was given to obvi- 
ating conditions that result in surface abrasions 
of the film, which was here made easier by the 
fact that the film does not have to pass through a 
picture projector. A second advantage possessed 
by the area record is that the level of the photo- 
electric cell current in reproduction is about 6 db 
higher, which is of some importance in dealing 
with signals of low intensity over a broad band 
system. One of the principal disadvantages of the 
area method is that improper film processing will 
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result in the introduction of high intermodulation 
components, even at low signal levels, whereas in 
density recordings, while bad processing will 
result in a signal distortion, the distortion falls off 
rapidly with the signal level. Lately better 
methods of measuring and controlling this distor- 
tion have been developed, so that, where the 
choice of positive print stock is unhampered by 
picture considerations, the non-linear distortion 
of the area record can be held to a low value. 
Special requirements that the area method de- 
mands in the reproducing system, such as the 
uniformity of the illumination per unit length in 
the scanning line of light, it was felt, could be 
taken care of by extra precautions in the design 
and construction of the apparatus. 

The range of maximum signal to noise in a film 
record 80 mils wide is of the order of 50 db. It is 
more or less dependent upon circumstance and 
exact definition of the term. Measurements made 
with a high-speed automatic level recorder 
showed a volume range for a large symphony 
orchestra of 78 db. The range of signal intensity 
level that is to be recorded and reproduced when 
recording music is then of the order of 80 db. For 
purposes of discussion, we shall use simply these 
rounded figures of 50 and 80 db. The 80-db signal 
must, therefore, in some manner be compressed 
at least 30 db and if dynamic range is to be 
preserved, it must be expanded the corresponding 
amount in the reproduction. In the sound versus 
light modulation coordinate diagram, two points, 
labeled a and 8, respectively, in Fig. 6A, are fixed, 
if the capabilities of the film are to be used to full 
advantage. One of these points is defined by the 
maximum sound level and complete light modu- 
lation, and the other, by a sound level 80 db anda 
modulation level 50 db lower. In between, the 
relationship may be of any desired kind so long 
as it can be represented by a single valued line 
connecting these two points, and provided that 
for every change in the gain of the recording 
amplifier an equal amount of attenuation is 
subsequently introduced in the reproducing 
amplifier at a corresponding point of the record, 
provided further that there is no signal distortion 
between these two parts of the circuit. 

The departure of the slope of the line, con- 
necting a and b, from unity gives the rate of 
change of amplification of the recording amplifier 
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with sound level. If, for instance, the charac- 
teristic of a recording system is represented by a 
straight line connecting (a) and (b), then for each 
db increase in sound level, there is a decrease in 
amplification of 3 db. The gain in this case there- 
fore changes continually with the signal level. If 
now a record so made is reproduced with an 
amplifier the gain of which increases 3 of a db for 
every 3-db increase in the photoelectric cell cur- 
rent, or, which is equivalent, for every db 
increase in amplifier output, the dynamics of the 
original sound will be recovered in the output 
current of the reproducing amplifier. These con- 
ditions are graphically represented in Fig. 6— 
A shows the recording and B the reproducing 
conditions. In A the solid line gives the relation 
between sound level and the modulation of the 
recording light. The dashed line gives the relation 
between sound level and amplifier gain. In B the 
solid line represents the relation between amplifier 
output and photoelectric cell current, while the 
dashed line gives the relation between amplifier 
gain and amplifier output level. Similar designa- 
tions hold for Figs. 7 and 8, which are to be 
discussed presently. The amplifier gain curve in 
Fig. 6B also represents the level of the film noise 
that accompanies the output signal. If the gain of 
the amplifier is set so that at the minimum signal 
(80 db below maximum) the noise is at or above 
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Fic. 6. Amplifier gain and noise relationships with 
compandor operating linearly and continuously over the 
whole sound level range. A—recording ; B—reproducing. 
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the threshold under the particular listening con- 
ditions, then the signal will be accompanied by 
“‘thush-hush,’”” a term used to designate the 
audible rising and falling of noise with the signal. 
If, for minimum signal, the signal and noise are 
both at threshold, then as the signal is raised 8 db 
the noise will be only 5 db below the signal, even 
though at maximum level the noise is 50 db 
below the signal. One further disadvantage of 
this type of compression and expansion is that, 
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Fic. 7. Amplifier gain and noise relationships with 
compandor operating linearly and continuously over the 
upper 60-db level of the sound signal. A—recording; 
B—reproducing. 
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distortion which may be introduced by the process 
will enter throughout the whole signal level 
range. 

In the case illustrated in Fig. 7A the com- 
pressor system is so arranged that the signal is 
recorded in a normal way over the lower 20-db 
range after which there is a reduction of } db in 
the amplification for every db gain in input 
signal. The corresponding signal versus noise 
relationships in reproduction when the dynamics 
of the signal are restored are shown in Fig. 7B. 
There will be no hush-hush until the signal 
reaches a level of 20 db above the minimum. 
After that, for every db rise in signal, there is db 
rise in noise level. In comparing this system with 
that represented by Fig. 6, we note from 7B that, 
when the output signal has a level of 40 db, the 
noise level is 10 db, whereas in the system of Fig. 
6, the corresponding noise level is 15 db. 
higher levels this difference in the two systems 
becomes less until at the highest level, the noise is 
down 50 db in either case, the volume range of the 
film. 

Figure 7 is of particular interest, as the noise 
relationships shown in B are virtually those 
which would obtain for a 30-db noise reduction 
system of the usual form. An inherent weakness 
in the ordinary noise reduction scheme is that 
only for the maximum signal is the full track 
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width utilized. For example, in a system with 
10-db noise reduction, signals more than 20 db 
below the maximum are reproduced from a record 
which is one-tenth as wide as a record occupying 
the full width of the track and which conse- 
quently has 10 db less volume range. It is evident 
that as the characteristic of the compandor (com- 
pressor-expandor) is changed so that the upper 
part of the line ab becomes more nearly hori- 
zontal, the hush-hush becomes less. 

The ideal type of system is the one represented 
by Fig. 8. In this system no change is made in 
amplifier gain over the lower 50-db range of sound 
level, i.e., not until the sound track is fully 
modulated, after which the recording amplifier 
gain is reduced by 1 db for each db increase in 
signal level. In other words, the recording level 
remains constant. In reproducing, there is then 
no possibility of hush-hush, and the quality of the 
signal cannot in any way be impaired by the 
action of the automatic gain control system over 
the lower 50-db range. For the most part sound 
sequences of the kind ordinarily recorded will 
therefore be entirely free from hush-hush and 
from distortion in excess of that introduced by a 
normal system. The masking of one sound by 
another increases rapidly with the level of the 
masking sound. As all noise reduction schemes 
depend for their success upon the masking of the 
noise by the signal, it is of great advantage to 
restrict noise reduction to the higher signal level 
range as is done to the greatest extent possible in 
the system of Fig. 8. The objective in the design 
of the stereophonic system was to approach the 
ideal of Fig. 8 as closely as possible. 

The operations involved in a compression- 
expansion or a so-called compandor system can 
be carried out in one or the other of two general 
ways. The compression and expansion operations 
may be controlled directly by the signal, or they 
can be placed under the control of a separate 
channel which may be called a pilot channel. 

In Fig. 9 is shown a recording-reproducing 
system in which the signal itself is used to control 
the amplifier gains in recording as well as in 
reproducing. In this particular arrangement, if 
there were no distortion in the recording and 
reproducing processes, it would be possible to 
reproduce the sound without distortion, since 
both amplifiers are controlled virtually by the 
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same dynamically distorted signal. If the control 
system is so constructed that the gain adjust- 
ments follow the signal very rapidly, the opera- 
tion and frequency range requirements for the 
recording-reproducing system become severe. If 
the adjustments follow the signal slowly, then 
noticeable clipping may result, i.e., when the 
signal tends to rise suddenly, the recording 
system may be overloaded before the proper gain 
adjustment has been effected. 

This difficulty can be overcome in the system 
of Fig. 10. In this arrangement, the gain of the 
recording amplifier is controlled by the micro- 
phone instead of the recording amplifier output 
current. By the insertion of a time delay at the 
part of the circuit indicated, it is possible to have 
even a slowly operating control circuit reduce the 
gain to the proper value before a sudden increase 
in signal level can make itself manifest at the 
input of the recording amplifier. Clipping is thus 
avoided. It will be noticed that in this system, in 
contradistinction to that represented in Fig. 9, 
the recording and reproducing amplifiers are not 
controlled by current of the same dynamic 
characteristics, so that there is a greater liability 
of introducing wave form distortion in the current 
finally delivered to the loudspeaker. 

Since the sound in a room reaches its maximum 
value in a relatively short time after its inception, 
but decays from the maximum to threshold 
rather slowly, it has been customary in all noise 
reduction systems to have the controls operate 
rapidly when the signal level increases and 
slowly when the signal decreases. This arrange- 
ment greatly reduces the operating requirements 
of the recording-reproducing apparatus, par- 
ticularly as regards phase distortion at low 
frequencies. 

Neither one of the above systems can operate 
in the way that is represented by Fig. 8—set up 
as the ideal—for in the level region where gain 
adjustment must be made the signal current 
coming from the reproducing machine is of con- 
stant level and so does not contain the requisite 
information for the gain adjustments. These 
systems operate best under the condition shown 
in Fig. 6, i.e., where the slope of the curve 
relating light modulation and current is large. 

In the system shown in Fig. 11 a pilot track, 
for carrying information about the required gain 
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adjustment in the reproducing amplifier, is made 
along with the signal record. This system is not 
subject to the limitations mentioned in the last 
paragraph. 

Current from an oscillator is recorded on a 
separate track. The level of this current is 
modulated by the signal coming from the micro- 
phone. This modulated current controls the gain 
of the recording as well as that of the reproducing 
amplifier—in the latter case, of course, after 
having been recorded and reproduced. A given 
change in the current-level of the pilot channel 
should produce an equal but opposite change in 
gain in the two amplifiers. By a proper design of 
the modulator, the system can theoretically be 
made to operate with any desired relationship of 
sound level and recording current, including that 
of Fig. 8. No matter what this adjustment may 
have been for any particular record, it can always 
be reproduced with the proper dynamics without 
special adjustment of the modulator controlling 
the gain of the reproducing amplifier. The intro- 
duction of a time delay in the signal behind the 
control current presents no basic difficulties in 
this system. In subsequent re-recording, the 
dynamics may be altered at will by a manual 
adjustment of the pilot current. The stereophonic 
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system operates with a pilot track in essentially 
the manner indicated. 

We should like to point out that in any of the 
above systems, if the gain control circuits are 
properly balanced, the control current manifests 
itself in the signal channel only in the desired 
modulation of the signal. When the signal current 
is zero, variations in the control current are 
theoretically not detectable in the signal channel. 
Except for greater ease in the elimination of 
distortions introduced by the photographic 
process, there is here not the advantage in the 
push-pull track that there is in an ordinary noise 
reduction system, where the light modulator 
biasing current is recorded directly on the sound 
track. The extra complications of a push-pull 
recording system were therefore avoided. 

Some further gain in noise reduction could be 
effected if, in addition, use were made of the 
ordinary noise reduction method having prefer- 
ably very slow operating speeds, and used only 
when there are longer intervals of quiet passages. 
However, this arrangement can have an ad- 
vantage only where the limit of automatic 
adjustment of the reproducing amplifier has been 
reached. As the major difficulties in a compandor 
system are not noise at low signal levels, but 
rather hush-hush effects, the extra complication 
of the addition of this kind of noise reduction did 
not seem warranted. 

The general features of the recording part of 
the three-channel stereophonic sound film system 
are shown in Fig. 12. It will be seen that there are 
three signal channels and three control channels. 
The three frequencies come from the generator 
and pass through the modulators and amplifiers, 
and are combined in the combining network and 
recorded as the pilot track on the film. If there is 
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Fic. 11. Recording-reproducing system with compression 
and expansion controlled through a pilot channel. 
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Fic. 12. Schematic diagram of stereophonic 
recording circuits. 


no signal in the signal channels, these three fre- 
quencies are recorded with equal amplitudes. 
Their phases are controlled at the generator G so 
that their combined amplitude is a minimum. A 
more detailed schematic diagram of one channel 
is shown in Fig. 13. As the signal current appears | 
in the signal channel a small part of it is tapped \ 
off and sent through the amplifier 2 and the 
rectifier I into the modulator. The rectifier is 
designed so that a constant direct current leaves 
it and enters the modulator. As long as the signal 
current remains below a critical value, this 
critical level is controlled by the bias current in 
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Fic. 13. Schematic diagram of one channel of the 
recording circuit. 
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Fic. 14. Schematic diagram of the stereophonic 
reproducing circuits. 


the rectifier. Above this level the direct current 
fed into the modulator is proportional to the 
signal current. The critical value can be easily 
changed by changing the gain of the amplifier 2 
preceding the rectifier. 

The modulator is designed so that the ampli- 
tude of a single frequency leaving it and going to 
amplifier 3 is proportional to the direct current 
entering it from the rectifier. So it is seen that the 
amplitude on the pilot track is constant until the 
critical level in the signal channel is reached. 
Above this level the amplitude of the pilot track 
is proportional to the r.m.s. amplitude in the 
signal. At the same time that this modulated 
frequency is recording on the pilot track it is also 
sent back through the filter and the rectifier II, to 
the compressor. The compressor is designed so 
that the change in loss introduced by it into its 
signal channel is equal to the change in level of 
the rectified current coming into it. Conse- 
quently, the signal levels beyond the compressor 
never exceed the critical value and remain con- 
stant for all levels coming into the compressor 
above the critical one. In other words, as the 
signal level rises and falls on the input side of the 
compressor, the loss and gain in the compressor 
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are automatically regulated by just the right 
amount to keep the output level constant, and the 
amount of this regulation is recorded on the pilot 
track. This corresponds to the case discussed 
above and shown in Fig. 8. 

The general features of the reproducing circuits 
are shown in Fig. 14. Three signals coming from 
the three tracks enter the upper three channels as 
indicated. The combined three modulated fre- 
quencies from the pilot track enter the lower 
channel where they are amplified the proper 
amount and separated by three filters. Each 
frequency is sent through a linear rectifier to the 
appropriate expandor. A more detailed schematic 
diagram of one channel is shown in Fig. 15. The 
rectifier must be linear through a much wider 
range than the corresponding one in the recording 
system. By linear is meant that the rectified 
direct current be proportional to the alternating 
input current. The reason for this wider range is 
to take care of the enhancement feature, which 
will be explained later. Each expandor is designed 
so that its gain is directly equal to the change in 
level of the rectified current entering the ex- 
pandor. In other words, if the rectified current is 
increased tenfold, the signal current leaving the 
expandor is also increased tenfold. Consequently, 
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Fic. 15. Schematic diagram of one channel of the re- 
producing circuit. 


it will be seen that whenever a loss is introduced 
during recording there will be an equal gain 
introduced during reproducing so that the signal 
will be restored to its normal relative values. For 
the same reason that was given for the rectifier, 
the expandor must be linear for a much wider 
range than the compressor. Since the signal 
before recording must be compressed 30 db, the 
objective in the design of the compressor was to 
obtain a linear relationship over this range. 
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It was considered desirable to include in the 
design of the system the enhancement feature so 
that the music could be re-recorded and addi- 
tional interpretations added by the director of 
the orchestra as desired. In order to give the 
director as much freedom as possible, the maxi- 
mum level should be limited only by the ear, that 
is, at 120-db intensity level. It has been found 
that the maximum peak intensity level for a 
large orchestra sometimes reaches 110 db. For 
this reason the system was designed so that the 
maximum levels of the original orchestra could be 
raised 10 db if desired. The control box is 
designed so that level changes can be made over a 
range of 30 db, from 10 db higher to 20 db lower 
than the normal signal levels. The 10-db increase 
and 5 of the 20-db decrease were produced by 
changing the level of the pilot channel. The other 
15-db decrease was introduced directly in the 
signal channel. If a signal near the film noise level 
is decreased 5 db by the pilot channel and the 
maximum signal level is increased 10 db, the 
enhanced music will have an intensity level range 
of 95 db. The maximum intensity of an orchestra 





Fic. 16. Control box for enhancement and quality control. 


occurs at frequencies between 400 and 800 cycles, 
So it is seen from Fig. 5 that this range is all that 
the ear can hear and tolerate. 

The networks which change the frequency 
response of the system were introduced directly 
into the signal channel before the recorder, 
Except for changes made by these networks, the 
re-recorded signal track was the same as the 
recorded signal track. It will be seen then from 
these figures that the expandor must operate at 
5 db lower and 10 db higher levels than for the 
compressor, or through a range of 45 db. 

In Fig. 16 is shown a picture of the control box 
which the director uses for this enhancement 
feature. It is evident that this enhancement can 
be done at the first recording, rather than on re- 
recording. This procedure would save any in- 
herent distortions due to the re-recording process, 
In this case, however, the director must have an 
associate, either operating the control box or 
directing the orchestra. 

It has been pointed out that although the film 
noise is at the same level as the orchestra noise at 
its “‘silent’’ period in the unexpanded music 
coming from the film, this is not true when the 
music is expanded to normal or enhanced, be- 
cause in this case the film noise is also raised, 
being at most 50 db below the signal. In general, 
for orchestral music such noise is masked. How- 
ever, for intense low-pitched tones the film noise, 
being principally in the high frequencies, is 
audible and may be heard as a hissing sound 
varying in intensity as the tone increases and 
decreases in level. To provide as large a margin as 
possible against this, a predistorting network is 
introduced into the system which makes it 
possible to record the higher frequencies at 
greater amplitudes on the track than normal. 
This is possible without increasing the track 
width because these higher frequencies come 
from the orchestra at considerably lower intensity 
levels. When the signal is reproduced, a restoring 
network cuts down the intensity of these high 
frequencies by the same amounts that they were 
raised during recording, and at the same time 
lowers the film noise in these high frequency 
regions. 

The frequency characteristic of the pre- 
equalizer used in the SSFS is shown in Fig. 17. 
The philosophy back of choosing this particular 
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characteristic is rather involved and will be dealt 
with in the paper by Dr. Steinberg. It is sufficient 
to say here that this effective reduction of noise is 
only possible because music has a different sound 
spectrum than that due to noise. In recording 
orchestral music, this gives an effective reduction 
of noise of about 10 db. In other words, for such 
recorded music using these pre-equalizers and 
restorers, the film noise is effectively 60 db below 
the signal. This additional reduction in noise also 
provides a margin in case the director, who is 
doing the enhancing, raises the level of the soft 
passages in the re-recording process. 

It has already been mentioned that, because of 
the time required for the compressing system to 
operate, a signal of suddenly increased intensity 
may overload the light modulator initially and 
thus undergo “‘clipping,’’ the audible effect of 
which is a low frequency thud. It was also sug- 
gested that this difficulty could be overcome by 
the introduction of a delay in the signal channel. 
The required amount of delay depends upon the 
speed of operation of the compressor. Unfortu- 
nately, delay equipment had not been incorpo- 
rated in the circuits that were used in making the 
orchestral records which will be demonstrated. 
The effect of the introduction of delay for various 
impulsive sounds was subsequently studied by 
using two microphones—one for the signal, and 
the other for the control circuit. The delay time 
was easily varied by altering the relative dis- 
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Fic. 17. 


Transmission-frequency characteristic of pre- 
distorting network. 


tances of the two microphones from the source. 
It was found that the method eliminates the 
“‘clipping’”’ thud and otherwise operates entirely 
satisfactorily. 

The object in the development of the recording 
and reproducing machines was to provide a 
means of putting into and taking out of storage 
the compressed signal wave. The frequency range 
to be covered was set at 20 to 14,000 without the 
introduction of any audible amount of distortion. 

The various mechanical and optical features of 
the recording-reproducing equipment are de- 
scribed in some of the other related papers. It 
will here be sufficient to say that the four records 
are made on one standard 35-mm strip of film by 
four special light valves, one for each track, and 
that in reproducing, a separate optical system 
and a separate photoelectric cell are used with 
each track. Except for the optical features, the 
same machines are used for reproducing that 
were used in the making of the records. 
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Mechanical and Optical Equipment for the Stereophonic Sound Film System* 


E. C. WeENTE, R. BippuLpu, L. A. ELMER, AND A. B. ANDERSON 
Bell Telephone Laboratories, New York, New York 


The same mechanism is employed for propelling the film in both recording and reproducing. 
To permit recording of the longer orchestral selections without interruption, the machines are 
designed to handle film in 2000-foot lengths. Special features of the film-propulsion system for 
obtaining great uniformity of speed at the translation points are described. The three signal- 
and one control-channel currents are recorded by means of light valves of identical construction. 
All four tracks are exposed while the film is passing over a free-running supporting roller, 
mounted on the same shaft with a new type of internally damped roller. In reproduction, each 
track is exposed, through an objective of high aperture, to light from an incandescent source. 
After passing through the film, the light from each track is carried by a glass rod to a photo- 


electric cell. 





HE primary function of the mechanical 
part of the recording machine of the 
stereophonic system is to move film from one 
magazine to another and intermediately pass it 
at a uniform speed over a support that will hold 
the film in accurate focus at four translation 
points simultaneously. The reproducing machine 
must perform essentially the same function with 
film reels substituted for the magazines. Aside 
from the optical systems, the same machines 
have, therefore, been used, both for recording and 
reproducing. In order that long orchestral selec- 
tions may be recorded without interruption, the 
machines must be capable of handling film 
successfully in 2000-foot lengths. 

The optical system for each of the channels in 
the recorder must transmit light from the 
modulator in sufficient quantity for exposing the 
film adequately in a sharply defined image. The 
width of the image in the direction of film travel 
should be as small as the resolving power of the 
photographic emulsion warrants. When the 
recording is of the variable area type, the ends of 
the image must also be sharply defined so that the 
boundary line between the light and dark areas in 
the record will be clear cut. A border of high 
contrast will permit the fullest modulation of the 
sound track area and keep the noise from this 
part of the record to the lowest value. 

The reproducing optical system for each 
channel must form an image on the film slightly 
longer than the width of the track, and, in the 


_* Presented before a joint meeting of the Acoustical 
Society of America and the Society of Motion Picture 
Engineers in Rochester, New York, May 7, 1941. 
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direction of film travel, the image must be 
narrow or have a narrow intense region, but does 
not need to be so sharply defined as the image in 
the recording system, since the scanning losses, if 
they are not too large, can here be equalized in 
the electrical circuit. 


FILM PROPELLING MECHANISM 


The apparatus as set up for recording is shown 
diagrammatically in Fig. 1. The passage of film is 
from left to right and is controlled by the two 
24-tooth sprockets S; and S2, which are driven 
through spiral gears from a transverse shaft 
directly connected to the motor. Between the two 
sprockets, the film passes over a series of rollers 
having various functions. They are all mounted 
on ball bearings. Rollers 1, 2, 11, and 12 are pad 
rollers for the sprockets; 3 and 10 are guide 
rollers which lead the film around a shield placed 
over the photoelectric cells when the machine is 
used as a reproducer; 3 and 5 are flanged rollers 
limiting the weave of the film; 7 is the main sound 
or scanning roller, which is depended upon to 
keep the film in focus at all four tracks and 
moving at a uniform speed; 6 is a steel pressure 
roller which presses the film against the sound 
roller with sufficient force to prevent film 
slippage. This roller bears only on a narrow por- 
tion of the film along its center line. It is mounted 
in a fork which is pivoted at p; so that the roller 
can seek a position in which it will not exert 
sidewise thrust on the film. The axis of this pivot 
is rigidly connected to the lever arm a, which in 
turn is pivoted on the horizontal axis p.. The 
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pressure roller tension is controlled by adjust- 
ment of the spring s; connected to the lower end 
of the lever arm a;. The purpose of 8 is to give the 
film a relatively large angle of wrap around the 
sound roller, thus providing good seating for the 
film at the translation points and greater in- 
surance against slippage. A damping roller is 
rigidly mounted on the sound roller shaft. 

While the power needed to drive the sound 
roller under steady-state conditions is small, the 
driving torque must be increased considerably 
when the roller is being brought up to speed from 
rest because of the relatively high moment of 
inertia of the damping roller. During this time, 
the roller 6 must be pressed against the film with 
increased force if film slippage is to be prevented. 
The linkage, shown by the dashed lines in the 
figure, is provided for this purpose. The lever / of 
this linkage is pivoted at ps. A loose fitting rod r 
connects the arm a, to the lower arm of the lever 
]. The upper end of the lever / carries the sup- 
porting shaft of the flanged roller 9. The spring s2 
forces this shaft against a stop so that, ia normal 
operation, the axis of roller 9 is virtually fixed. 
When the sound roller is being accelerated, the 
tension of the film between it and the leading 
sprocket will increase, the upper arm of the lever 
1 will be pulled down from its stop, the slack in 
the bearings of the rod 7 will be taken up, and 
pressure of roller 6 on the film will be increased 


Fic. 1. Diagrammatic view of 
recording machine. 





until the sound roller is up to speed, when the film 
tension will become normal and the shaft of 
roller 9 will again be pulled back against the stop. 
With this arrangement, the sound roller is 
brought up to speed in about four seconds. 
Flanged reels may be used in reproducing, but 
in recording the film must be wound in a light- 
tight magazine. It is practically impossible to 
avoid a certain amount of rubbing of the film 
against the side walls by the time most of the 
film has passed into the magazine. Consequently, 
a greater torque must be applied to the take-up 
shaft when the magazine is nearly full than would 
be necessary for a flanged reel holding the same 
amount of film. If the take-up shaft were driven 
by a slipping clutch, the torque would be the 
same for the empty as for the full magazine. If 
the clutch were set so that it would turn the 
shaft of the full magazine without risk of failure, 
the film tension would be so high at the beginning 
as to expose the film to serious injury. This 
condition is greatly aggravated in going to 2000 
instead of the usual 1000-foot lengths of film. In 
place of the friction clutch, a spring belt type of 
drive was, therefore, substituted. This drive was 
so designed that the torque delivered by it 
increases with the diameter of the film spiral up 
to a certain point, and from there on remains 
constant. The belts and pulleys are so pro- 
portioned that the spring material never becomes 


 ' Pi, 








102 WENTE, BIDDULPH, 





tracks on 35-mm 
film strip. 





Y } 
Ay AX 
My OC 
WW Oo 
yy 
yw CO) 
WV 
Wy OO 
A y 
y | Fic. 2. Loca- 
x Ld tion of sound 
4Wo 
iJ 
} 
| 3 











strained beyond the endurance limit. Danger of 
breakage is, therefore, small. To avoid serious 
trouble if there should be such breakage, two 
belts are used in parallel. The belts run in 
V-grooved fiber pulleys. The driving pulley is 
driven from the leading sprocket shaft through a 
pair of spur gears. 

The light valves LV, shown above the sound 
roller, are held in exact position by brackets 
provided with suitable guide surfaces. They are 
clamped down with spring clips so that they can 
be readily replaced. All valves are assembled and 
adjusted on one fixture so as to render them 
completely interchangeable. No further adjust- 
ments need be made after they have been at- 
tached to the brackets. They are so located along 
the axis of the sound roller that the four sound 
tracks are generated at the positions on the film 
shown in Fig. 2. The outer tracks are sufficiently 
far from the sprocket holes to avoid sprocket hole 
flutter resulting from processing variations 
around the sprocket holes. 

Figure 3 is a skeleton side view of the frame. 
Above, to the left, is the sound roller with the 
damping roller to the right, carried by the same 
shaft. This damping roller consists of a casing 
having an annular channel carrying a liquid 
which is coupled to the casing by a porous 
partition. This roller is described in more detail 
in a separate paper.’ Below is shown the sprocket 





1E. C. Wente and A. H. Miiller, ‘“‘Internally damped 
rollers,’ J. Soc, Mot, Pict. Eng. 37, 406-417 (1941). 
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shaft, carrying the leading sprocket at the left. 
Towards the right, the spiral gears through which 
the shaft is driven by the motor may be seen. The 
gear in the middle is one that meshes with 
another gear attached to the driving pulley of the 
spring belt drive for the take-up reel shaft. 

A 3000-cycle record was made with one of 
these machines and the frequency modulation in 
this record measured for us by E.R.P.I. on one 
of their flutter meters. While the stereophonic 
records were made on acetate base, this particular 
record was made on a nitrate base to reduce the 
modulation caused by uneven film shrinkage. 
Measurements were made on a number of 
sections taken at random along the record. The re- 
sults of these measurements are given in Table I, 
The first column gives the frequencies of flutter, 
and the second, corresponding magnitudes in 
percent. The upper and lower figures given in the 
second column for each frequency region repre- 
sent the extreme values that were found in the 
entire set of measurements. Zero percentage, of 
course, means no more than that the flutter meter 
was not sensitive enough to indicate the flutter 
actually present. The value given for drift was 


Fic. 3. Skeleton side 
view of film propelling 
mechanism. 


said to be not in excess of that which normal 
unevenness of shrinkage could produce. The 
source of the flutter at the various frequencies is 
easily accounted for except that at 9 cycles. It 
was later reported that at least some, if not all, of 
the indicated flutter at this frequency was 
assignable to a fault in the particular meter used 
in these measurements. The maximum values of 
flutter are in excess of those which the ear can 
detect under the most favorable listening and 
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frequency conditions on an A~B comparison test. 
These values, taken from an unpublished memo- 
randum by W. A. MacNair are given in the third 
column of the table. While these values are con- 
siderably lower than the higher figures of column 
2, it is known that, for the complex tones ordi- 
narily recorded when reproduced in a moderately 
dead room, the values of column 3 can be 
exceeded without detection. 


RECORDING OPTICAL SYSTEM 


Figure 4 shows the optical system used with 
each one of the four light valves on the recording 
machine. The light valve itself is described in 
detail in another paper.? A and B are two views in 
sections passing through the axis of the valve, the 
former at right angles and the latter parallel to 
the axis of the sound roller. The filament of an 
exciter lamp is brought to a focus by means of a 
single-element condenser on the ribbons of the 
light valve. In the bottom pole piece of the light 
valve is mounted a commercial ten-power 
apochromatic microscope objective having a 
numerical aperture of 0.3. With this, the inner 
edges of the two light valve ribbons are imaged on 
the film, at a magnification of 10:1. Le is a 
cylindrical lens which forms a reduced image of 
the edges of a fixed slit S in the film plane. The 
slit and the cylindrical lens together define the 
height of the image in the direction of film 
travel, while the microscope objective and the 
slit formed by the light valve ribbons define the 
length of the image. The lens Lz consists of a 
round circular rod provided with a stop limiting 
the image angle to about 20°. The clearance 
between this lens and the film surface is about 
3x’. The cylindrical lenses for all four channels 
are mounted in a single block, which can be 


TABLE I. 








FREQUENCY OF 
FLUTTER 


OBSERVED SPEED 
VARIATIONS IN 


MINIMUM PERCEPTIBLE 
SPEED VARIATIONS 








C.P.S. PERCENT IN PERCENT 
96 0.02 —0.085 0.05 

9 0.055-—0.09 0.0045 

) Pe 0-0.038 0.0055 
Drift 0-0.018 








?E. C. Wente and R. Biddulph, ‘‘A light valve for the 
stereophonic sound film system,” J. Soc. Mot. Pict. Eng. 
37, 397-405 (1941). 
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removed from the machine as a unit. This block 
has embossed ridges on its undersurface, running 
parallel to the film travel, which prevent acci- 
dental contact between the film and the lens 


surfaces. In this arrangement, no trouble has" 


been experienced from particles becoming at- 
tached to the glass surfaces of sufficient size to 
impair image quality. 

The slit S acts as a stop on the system, as seen 
in view A. In this plane, therefore, the aperture, 





Fic. 4. Recording optical system. 


and consequently the image aberration of the 
condensing lens, is small. Hence, in the narrow 
direction, the image of the lamp coil is sharply 
defined at the valve ribbons. In the plane of 
Fig. 4(b), the optical system operates at the full 
aperture of the microscope objective, and the 
single-piece condenser has, therefore, a relatively 
large amount of spherical aberration. Here, this 
is no disadvantage since a lamp may be chosen 
having a coil length such that the image formed 
by the lens has a central uniformly bright portion 
long enough for amply covering the operating 
area at the light valve ribbons. At the same time, 
the aberration prevents sharp focusing of the 
individual turns of the lamp coil, which would 
result in a recording image of uneven brightness 
along its length. 

An exact determination of the frequency char- 
acteristic of a sound record free from effects 
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Fic. 5. Light distribution in scanning image of 
microdensitometer. 


introduced by the optics of the measuring system 
presents some difficulty. Such a characteristic 
could be obtained theoretically by scanning the 
record with a line of light of infinitesmal width 
and observing the transmitted light. While this 
procedure is impracticable, a pretty good esti- 
mate of what the results of such measurements 
would be can be gained from scanning data 
obtained with a narrow, but finite, line image in 
which the distribution of the light is known. Such 
measurements were carried out on records made 
at a number of discrete frequencies in the range 
from 1000 to 16,000 cycles with the light valve 
modulation maintained at 50 percent. The light 
distribution in the scanning image used in these 
measurements is shown in Fig. 5. The nominal 
width of the image was between 0.25 and 0.3 mil. 
This curve was obtained from measurements on 
the variation of the light passing over a knife 
edge, set and held accurately parallel while it 
was moved in measured steps across the image. 
The fact that the curve is unsymmetrical is 
probably due to some imperfections in alignment. 
The frequency records were scanned very slowly 
with this image, while the transmitted light was 
measured with a microdensitometer. The ampli- 
tudes of the microdensitometer records for the 
various frequencies were measured. The values so 
obtained, when translated into decibel losses, are 
plotted as A of Fig. 6. Next, the scanning vs. 
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Fic. 6. Relative modulation in negative sound record. 


frequency characteristics of an image having the 
light distribution shown in Fig. 5, when used to 
scan sine wave records of constant amplitude, 
was computed. The values so obtained are shown 
by the dashed curve B in Fig. 6. The ordinates of 
this curve were then subtracted from the corre- 
sponding ordinates of curve A. From these 
values C was plotted. This curve shows a loss of 
6 db at 16,000 cycles, but it must be considered in 
the light of the method whereby it was obtained. 
It does not represent the true state of affairs 
accurately. The correction for the image was 
made on the assumption that sine wave records 
were scanned—which is here not the case, cer- 
tainly not at the higher frequencies. Prints of 
these sound records, ideally made with proper 
exposure and processing, should show less high 
frequency loss than the negatives which were 


Fic. 7. Reproducing optical 
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here explored. Practically, the high frequency 
losses are likely to be higher as the result of 
failure in meeting the ideal conditions. While 
thus there remains some doubt regarding the 
frequency characteristic of the records as made 
for reproduction in the stereophonic system, it is 
likely that curve C does give at least the order of 
magnitude of the part of the total over-all 
transition loss of the recording-reproducing sys- 
tem that is attributable to the photographic 
processes involved in making the records. 


THE REPRODUCING OPTICAL SYSTEM 


The objective in the planning of the repro- 
ducing optical system was to get a large quantity 
of light from an exciter lamp into a reasonably 
small scanning line, so that a high signal current 
might be generated in the photoelectric cell. The 
optical arrangement had to be such that the light 
transmitted by the film could be brought con- 
veniently from each record to a photoelectric cell. 

Figure 7 shows the arrangement of the optical 
system used for each one of the four channels. 
The lamp coil is parallel to the axis of the sound 
roller. M is a commercial ten-power achromatic 
microscope objective with a numerical aperture 
of 0.3. It forms an image on the film of the 
illuminated slit S. This slit is adjusted to give an 
image normally equal to 0.5 milX85 mils. 


Actually, because of lens aberrations, the width 
is greater, but no measurements have been made 
on the light distribution within the image. The 
slit S has the length of about 0.85’’. The con- 
densing system between the lamp and this slit 
must provide uniform illumination of this slit and 
it must fill completely the microscope objective 
if the advantage of the large aperture of the 
latter is not to be sacrificed. The condenser used 
is a one-piece combination prism, lens, and re- 
flector shown at P. All its surfaces are either 
plane or cylindrical: 1 is a plane surface approxi- 
mately normal to the center line of the light 
beam; 2 is a cylindrical surface with its center 
line of curvature in a plane that is perpendicular 
to the roller axis and passes through the center 
line of the light beam; 3 is also a cylindrical 
surface with its center line of curvature parallel 
to the roller axis and lying between the center 
line of the objective and the lamp. The prism 
surface 2 reflects the light internally through the 
slit S and brings it to a focus in the direction of 
the roller axis at the objective M. Light from the 
different coils of the lamp is, therefore, completely 
diffused along the length of the slit and the slit is 
otherwise illuminated with great uniformity 
along its length. The surface 3 forms an image of 
the lamp coil on the slit S in the transverse 
direction. The illumination angle is small—only 
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Fic. 9. Insertion loss of recording-reproducing system. 


one-tenth of that which obtains at the image on 
the film. Spherical aberration is, therefore, not a 
serious problem. 

After the light has traversed the film, it enters 
a glass rod through which the light is deflected 
around a roller shaft to the photoelectric cell. 
The plane surface through which light enters the 
rod is approximately perpendicular to the light 
beam. After it has passed this surface, the light 
is reflected internally by the cylindrical surface 4. 
The curvature and orientation of this surface are 
such that the light is reflected along the axis of 
the rod with minimum spread. The surface 6 is 
cut at a slight angle to the rod so as to refract the 
beam to the middle of the photoelectric cell 
cathode. This rod serves not only to lead the 
light from the film to the photoelectric cell, but 
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it also acts as a diffuser so that light coming 
from various parts of the line image on the record 
is spread over approximately the same surface 
area of the cathode. The introduction of wave 
form distortion by any non-uniformity of sensi- 
tivity of the cathode surface is thus avoided. 

The arrangement of the various optical parts 
on the machine when set up for reproducing js 
shown in Fig. 8, which also shows the gear and 
pulley arrangement of the spring belt drive. The 
condensing prism and lamp for each channel are 
mounted in one casing, which is fastened to a 
bracket that holds a light valve in recording. 

No measurements have been made on the 
scanning efficiency as a function of frequency of 
this optical system. The variation of the insertion 
loss of the recording-reproducing system is shown 
in Fig. 9. In this loss are included those due to 
scanning in recording and reproducing, processing 
and printing, and photoelectric cell and photo- 
electric cell amplifier losses. 

In conclusion, we wish to point out that all 
records and prints used in the measurements here 
reported, as well as those used in the demon- 
stration of orchestral music, were made with 
white light and the surfaces of none of the lenses 
were coated for reduction in reflectivity. 
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The Stereophonic Sound Film System—Pre- and Post-Equalization of 
Compandor Systems* 


Joun C. STEINBERG 
Bell Telephone Laboratories, New York, New York 


In order best to fit the volume range of the program material into the volume range available 
in sound film, it is generally advantageous to pre-equalize the program material before record- 
ing, and to compensate for the equalization by means of a complementary post-equalizer on 
reproduction. The type and amount of pre-equalization depends upon the properties of hearing 
and on the characteristics of the program material and the film noise. This paper discusses the 


relations between these quantities for systems using compandors, where the film noise varies up 
and down in level as the compandor gains vary. Ideally, different types of pre-equalization are 
needed for different types of program material, and a compromise must be made if a single 
type is to be used. The considerations leading to the choice of the pre-equalization used in the 
stereophonic recording and reproducing system are discussed. 


HE purpose of introducing pre- and post- 

equalizers and compandors into a recording 
and reproducing system is to bring about a 
better fit than would be obtained otherwise, of 
the intensity range of the program material into 
the intensity range afforded by the system. The 
form that such elements take and the good that 
is accomplished by their use depend upon the 
type of program material, the properties of 
hearing, and the particular characteristics of the 
system. It is the purpose of this paper to discuss 
the ways in which these factors enter into the 
problem, which are general in character, and 
then to describe the pre- and post-equalization 
used in the stereophonic sound film system 
(SSFS). 

It will serve our present purpose to take as 
our program material the sounds produced in a 
concert hall by a large symphony orchestra, and 
to take as our system one involving sound film 
recording and reproduction. The intensity range 
afforded by the sound film is determined by the 
difference between the intensity levels which 
cause objectionable overloading in recording, 
and those intensity levels which are just audible 
in the background of film noise. The maximum 
orchestral intensity levels can be recorded so as 
just to avoid overloading, and then, on repro- 
duction, they can be amplified to their original 
maximum values. Under these conditions, the 
intensity range of the reproduced sounds is 


_* Presented before a joint meeting of the Acoustical 
Society of America and the Society of Motion Picture 
Engineers in Rochester, New York, May 7, 1941. 


limited by the reproduced film noise, and the 
amount that the film noise must be attenuated 
in order that it be just inaudible in the presence 
of the background of audience noise is a measure 
of the amount of the original intensity range 
that has been lost in reproduction. The reduction 
in the reproduced film noise that is afforded by 
the use of equalizers and compandors gives a 
measure of the increase in the intensity range of 
the recording and reproducing system due to the 
use of such elements. 

From measurements reported by Sivian, Dunn, 
and White,' information is available on the 
maximum intensity levels produced by a large 
orchestra, and by individual instruments. The 
peak amplitudes occurring in alternate one- 
eighth second intervals were measured for the 
whole spectrum, and for various frequency bands 
throughout the spectrum. In the case of the 
orchestra, the measurements were made at a 
point near the conductor’s stand, on four 
different musical selections. The results may be 
expressed in the form of the instantaneous peak 
intensity levels (referred to hereafter as peak 
intensity levels) which are exceeded in given 
percentages of the intervals. The total or whole 
spectrum peak intensity levels that were ex- 
ceeded in only one percent of the intervals for 
the different selections are as follows: 109, 112, 
108, and 111 db from 10~' watt per sq. cm. 
A study of the data indicated that, for a given 


tL. J. Sivian, H. K. Dunn, and S. D. White, ‘‘Absolute 
amplitudes and spectra of certain musical instruments and 
orchestras,”’ J. Acous. Soc. Am. 2, 330-371 (1931). 
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Fic. 1. Spectrograms of audience and film noise and 
orchestral sounds. 


selection, the one percent values were rarely 
exceeded by more than 2 db. It seems reasonable, 
therefore, to take 115 db as representative of 
the maximum peak intensity levels for an 
orchestra. Measurements made on the Phila- 
delphia Orchestra at the Academy of Music by 
somewhat different methods indicate similar 
values. 

Figure 1 shows the peak intensity per cycle 
levels which are exceeded in one percent of the 
intervals for a whole spectrum peak intensity 
level of 115 db. The peak intensities per cycle 
were obtained by dividing the peak intensities 
measured in the different frequency bands by 
the band width in cycles. 

For good recording and processing conditions, 
the total level of film noise in a 10,000-cycle 
band may be taken as 53 db below the peak 
sine wave level at which overloading occurs in 
recording. The noise intensity may be considered 
as distributed uniformly throughout the fre- 
quency band. Hence, the intensity per cycle 
level of the noise is 93 db below the peak sinu- 
soidal intensity level at which overloading takes 
place. 

Measurements have been made in which the 
maximum peak intensity levels of the orchestra 
were compared with sine wave peak intensity 
levels when both were at the overload point. 
The results indicated that the peak intensity 
levels of the two classes of signals were nearly 
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the same when overloading occurred, with 
perhaps a tendency for the maximum peaks of 
the orchestra to be slightly higher than the sine 
wave peaks. If these levels be taken as equal, 
which is the conservative procedure for our 
present purpose, the film noise will be reproduced 
at an intensity per cycle level of 22 db above 
10~-'* watt per sq. cm, when the system is set to 
record and reproduce peak intensity levels of 
115 db. 

Measurements made with the sound level 
meter on the audience noise at the Philadelphia 
Academy of Music, and also at Constitution 
Hall in Washington, when filled with audiences, 
indicate minimum sound levels of 33 db when 
measured with meters employing the so-called 
40-db weighting. From auxiliary measurements, 
a spectrum of audience noise corresponding to a 
sound level of 33 db was obtained, and is shown 
in Fig. 1 along with the spectrum of the repro- 
duced film noise. 

The three curves of Fig. 1 represent quantities 
which must be considered in attempts to increase 
the intensity range of the recording and repro- 
ducing system. In order to provide the original 
intensity range, the system must be capable of 
reproducing the maximum orchestral levels, and 
the reproduced film noise must be masked by 
the audience noise, or by the sounds of the 
orchestra. The amount that the film noise must 
be reduced in order that it be masked by the 
audience noise is best shown by the curves of 
Fig. 2. 

In this figure, the film and audience noise is 
plotted in terms of the intensity level per 
critical frequency band. In sensing a random 
type of noise, such as film noise, the ear tends 
to integrate, over a small frequency interval, the 
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Fic. 2. Levels of film and audience noise in critical bands. 





with 
ks of 
: sine 
qual, 
Our 
luced 
bove 
et to 
Is of 


level 
Iphia 
ution 
Nces, 
when 
‘alled 
ents, 
toa 
hown 
epro- 


tities 
rease 
epro- 
ginal 
le of 
, and 
d by 
f the 
must 
y the 


es of 


ise is 

per 
idom 
tends 
|, the 





10,000 


yands. 





AND 


PRE- 


intensity carried by each cycle of the noise.’ 
This interval, called the critical frequency band, 
depends upon frequency, and has the property 
that a pure tone having the mid-band frequency 
and an intensity level equal to that of the noise 
in the critical band, will be just audible in the 
presence of the noise. 

The lower curve in Fig. 2 shows the intensity 
levels of pure tones at the threshold of hearing 
for people having very good hearing and listening 
in a quiet place. The curves for film and audience 
noise show the threshold intensity levels for 
pure tones when heard in the presence of the 
respective noises. The audience noise and pure 
tone threshold curves set the lower limit of the 
original intensity range in the concert hall, and, 
to preserve this limit in reproduction, the film 
noise levels must be reduced, at least, to the 
levels indicated by these two curves, the audience 
noise curve setting the limit for those frequencies 
at which it lies above the threshold curve. The 
required reduction is shown by the solid curve 
of Fig. 3 

As previously noted, the pure tone threshold 
curve of Fig. 2 indicates the threshold values 
for people having very good hearing. The results 
of the World’s Fair hearing tests’ indicate that 
less than five percent of the people are able to 
hear such tones. If threshold levels which can 
be heard by at least 50 percent of the people 
are used in obtaining the required film noise 
reduction, the dashed curve in Fig. 3 results. 

The figure shows that a film noise reduction 
of some 42 db at frequencies near 7000 cycles is 
needed if the recording and reproducing system 
is to provide an intensity range equal to the 
original range in the concert hall. It should be 
noted that this amount of reduction is in the 
nature of a maximum. It is the reduction 
required for the reproduced film noise to be 
inaudible to a listener having very good hearing 
when located at a point near the conductor's 
stand in a concert hall similar to the original 
hall, and when the recording and reproducing 
system is set to reproduce the maximum peaks 
of the orchestra without noticeable overloading, 

2 H. Fletcher, ‘ 
47 (1940), Fig. 16. 

+ J.C. Steinberg, H.C. Montgomery, and M. B. Gardner, 


‘Results of World’s Fair hearing tests,’’ Bell Sys. Tech. J. 
19, 533-562 (1940), Fig. 8 


‘Auditory patterns,” Rev. Mod. Phys. 12, 


POST-EQUALIZATION 


OF COMPANDOR SYSTEMS 109 
using, in the process, sound film which has a 
peak signal to noise ratio of 53 db. For a listener 
located in the seating area of the concert hall, 
the reproduced film noise might be 5 to 10 db 
below audibility under these conditions. 

For a given film technique, there are three 
ways in which the film noise may be reduced, 
(1) by the use of pre- and post-equalizers, (2) by 
the use of compandors, and (3) by the use of 
appropriate combinations of (1) and (2). 
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Fic. 3. Required film noise reduction. 


Pre- and post-equalization makes use of the 
fact that the maximum peak intensity levels for 
the higher frequencies are generally smaller than 
the peak levels for the lower frequencies, as 
may be seen from Fig. 1. In reducing the noise 
by this method, the high frequencies are recorded 
at greater than normal levels, relative to the 
low frequencies, by using a pre-equalizer, and 
then on reproduction they are reduced back to 
their normal levels by means of a complementary 
post-equalizer. The penalty that is paid for 
reducing noise by this method is in the reduced 
capacity of the system for recording and repro- 
ducing high frequency peak intensity levels. 
Although this does not limit the usefulness of 
the system for orchestral sounds, it may present 
difficulties for other types of sounds. 

In order to show the amount of noise reduction 
that may be accomplished by the use of pre- 
equalizers, two different types will be considered, 
which will be designated as pre-equalizers No. 1 
and No. 2. With pre-equalizer No. 1, the insertion 
gain is such as to produce, at the recorder, equal 
maximum peak levels for the different frequencies 
in orchestral sounds. The solid curve in Fig. 4 
shows the gain that is required to equalize the 
orchestral peak levels indicated in Fig. 1, and 
the dashed curve shows the gain characteristic of 
pre-equalizer No. 


1, which approximately meets 
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this objective. The dotted curve shows the gain 
characteristic of pre-equalizer No. 2, in which 
the increase in gain is confined principally to 
the frequency regions above 3000 cycles. 

The use of such pre-equalizers produces an 
increase at the recorder, in the maximum whole 
spectrum peak levels of the orchestra. The 
increase may be obtained by integrating, over 
the frequency range, the peak intensity per 
cycle spectrum of the orchestra before and after 
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Fic. 4. Pre-equalizer characteristics. 


pre-equalization, and taking the difference be- 
tween the integrated values. The appropriate 
spectra may be obtained from the peak intensity 
per cycle level curve of Fig. 1 and the equalizer 
gain characteristics of Fig. 4. The calculations 
indicate that the whole spectrum peak levels for 
pre-equalizer No. 1 are 11.5 db higher than the 
corresponding levels for the unequalized orches- 
tra. The corresponding figure for pre-equalizer 
No. 2 is 3.0 db. 

If the same peak levels in different parts of 
the frequency range were equally effective in 
producing noticeable overloading, the whole 
spectrum peak levels should be a criterion of 
overloading. Hence, in order to avoid overload- 
ing, it would be necessary to reduce the gain 
ahead of the recorder by 11.5 and 3.0 db, 
respectively, when pre-equalizers Nos. 1 and 2 
are used. 

It is believed, however, that high frequency 
peaks are not as effective as low frequency peaks 
in producing noticeable overloading because of 
their relatively shorter duration times, and also 
because of the greater tendency of the modula- 
tion products of high frequency peaks to fall 
outside the audible band. In sensing sounds, the 
ear integrates peak amplitudes over a time 
interval of some } to } of a second. To determine 
the auditory characteristics of peak levels, it 
would be more appropriate to deal with the 
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intensity levels integrated over {-second intervals 
than with the peak intensity levels occurring in 
such intervals. These two quantities differ by a 
peak factor which is larger for the high frequency 
peaks than for the low frequency ones. Unfortu- 
nately, quantitative measurements of such peak 
factors for orchestral sounds are not available, 
and it has been necessary to estimate, from 
rather fragmentary data, a set of weight factors 
for indicating the relative overloading effects of 
peak levels at different frequencies. The esti- 
mated values which are shown in Table I, should 
be subtracted from the peak intensity per cycle 
level curve of Fig. 1. The curve thus obtained is 
used for calculating the whole spectrum peak 
levels in the manner indicated above. 

The calculations employing the weight factors 
indicate that, in order to avoid overloading, the 
gain ahead of the recorder must be reduced by 
8.5 db for pre-equalizer No. 1, and by 1.5 db 
for pre-equalizer No. 2. It is believed that these 
values are more nearly correct than the corre- 
sponding values of 11.5 and 3.0 db calculated 
from the unweighted peak levels, and they will 
be used in the subsequent discussion. 

When the sounds are reproduced, the post- 
equalizer introduces a loss equal to the gain 
introduced by the pre-equalizer, and thus reduces 
the reproduced film noise levels. Also, since the 
gain ahead of the recorder was reduced in order 
to avoid overloading, the gain following the 
reproducer must be increased by a corresponding 
amount in order to reproduce the sounds at their 
original levels. This increases the reproduced film 

TABLE I. Factors for weighting the peak levels of 


orchestral sounds. 
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noise level, and the net change in level is given 
by the difference between the post-equalizer loss 
and the overloading gain adjustment. 

The effects achieved by the use of the equal- 
izers may be seen from the curves of Fig. 5. 
The solid curve which was replotted from Fig. 3 
shows the film noise reduction that is required 
when a pre- and post-equalizer is not used, in 
order that the original intensity range in the 
concert hall be reproduced. The dashed curve 
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PRE AND POST 
shows the reduction that is required when 
pre-equalizer No. 1 is used. This pre-equalizer 
represents the maximum amount of pre-equal- 
ization that may be used advantageously. Any 
larger amount will increase the low frequency 
noise levels without further affecting the high 
frequency levels. If a smaller amount of pre- 
equalization were used, low frequency noise 
levels would be diminished, but the intermediate 
and high frequency levels would be increased as 
indicated by the dotted curve for pre-equalizer 
No. 2. In either case, the high frequency noise 
levels have been decreased by some 10 db only, 
and a further reduction of some 30 db is needed. 

A further reduction in the reproduced film 
noise may be achieved by the use of compandors. 
Such devices compress the signals before record- 
ing, and then expand them to their original 
values on reproduction. In the case of a 30-db 
compressor, for example, this is done by provid- 
ing a gain increase of 30 db ahead of the recorder. 
During silent periods, this gain remains un- 
changed at the value of 30 db. As the signals 
increase in level, the gain decreases in accordance 
with the increase in signal level and becomes zero 
for the maximum signal levels. On reproduction, 
a 30-db loss is provided by the expandor during 
silent periods. As the signal levels increase, the 
loss diminishes in a manner which is comple- 
mentary to the gain changes of the compressor 
and becomes zero for the maximum reproduced 
signal levels. Hence, during silent periods the 
reproduced film noise levels are 30 db below the 
values they would have if the compandor were 
not used. They increase and approach the latter 
values as the signal levels increase and approach 
their maxima. If, during ‘this period, the film 
noise were masked by the signals, and if, during 
the silent periods, it were masked by the audience 
noise, then the recording and reproducing system 
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Fic. 5. Required reduction for equalized film noise. 
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Fic. 6. Reproduced film noise during silent periods. 


would be capable of reproducing the original 
intensity range in the concert hall. 

It will be recalled (Fig. 3) that a film noise 
reduction of 42 db is needed in order that it be 
masked by the audience noise. Hence, a 42-db 
compandor would be required if the film noise 
were to be inaudible during silent periods. Such 
a compandor is practical and could be used, but 
generally it would be advantageous to achieve 
part of the reduction by the use of pre- and 
post-equalizers. The reduction achieved by their 
use is effective not only during silent intervals 
but during the intervals that the noise levels 
change in accordance with the signal levels. By 
the proper choice of equalizer characteristics, 
the noise may be more effectively masked by the 
signals than would be the case if the noise 
reduction were accomplished by the compandor 
alone. Also, in the case of the SSFS it was 
desired to combine a 15-db enhancement feature 
with the expandor, so that the reproduced 
signal levels could be increased by 10 or di- 
minished by 5 db. This would require a 57-db 
expandor, which becomes somewhat impractical. 
It was decided, therefore, to use an equalizer in 
combination with a 30-db compressor and a 
45-db expandor. The pre- and post-equalizer 
No. 1, which has been described, was chosen for 
this purpose. It provides a film noise reduction 
of 10 db (Fig. 5) and the combination affords a 
reduction of 40 db during silent intervals. The 
film noise levels thus obtained are shown on 
Fig. 6, in relation to the audience noise levels 
and pure tone threshold levels. The reduction is 
sufficient to reduce the film noise below audibility 
during silent periods, and it remains now to 
investigate how effectively the film noise is 
masked by the signals during other than silent 
periods. 
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Fic. 7. Noise reduction afforded by compandor. 


It may be noted, in passing, that equalizers 
may be combined with the compandors in such 
a way that the gains in different parts of the 
frequency range depend upon the signal levels 
in those parts. Such variable equalizer com- 
pandors would probably be the most ideal way 
of fitting the program material into the intensity 
range afforded by sound film, particularly for 
widely different program materials. Their use, 
however, presents a number of practical prob- 
lems which seemed to outweigh their advantages 
for the present application. 

Many types of compandors have been used, 
involving different relationships between the 
change of compressor gain and signal level. In 
the type used in the SSFS, the compressor gain 
increases 1 db for each 1-db decrease of signal 
level in the range of signal levels beginning a 
few db below the maximum levels and extending 
to levels 30 db lower. For still lower signal levels, 
the compressor gain remains fixed at the 30-db 
value. The loss provided by the expandor 
changes in a similar fashion on reproduction. 
These changes are accomplished by means of a 
pilot or control current which is modulated by 
the signal levels. The pilot current operates the 
compressor on recording, and is also recorded. 
On reproduction, the reproduced pilot current 
operates the expandor. The considerations lead- 
ing to the choice of this type of compandor for 
the SSFS are discussed in the paper by Dr. 
Fletcher. One of the principal reasons for the 
choice was that this type provides the greatest 
possible margin between signal levels and noise 
levels during other than silent periods. 
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The performance of the compandor is shown 
by the curves of Fig. 7. The upper solid curve 
shows how the output level of the compressor 
(i.e., recorder input level) increases as the signal 
levels increase, then flattens off and_ finally 
increases again until the compressor (and also 
the recorder) overload level of 115 db is reached. 
The lower solid curve shows the reduction in the 
level of the reproduced film noise due to the 
complementary action of the expandor. The 
input signal level to the compressor is shown as 
equal to the acoustic peak intensity level input 
to the system provided a pre-equalizer is not 
used. To obtain the acoustic level when a 
pre-equalizer is inserted ahead of the compressor, 
the signal level shown in Fig. 7 must be corrected 
by the gain changes caused by its insertion. 

The control current operating the compressor 
must be set such that the output level will 
flatten off before overloading occurs. If the 
compressor acts infinitely fast, and if the 
compressed signals have no more tendency to 
overload than the uncompressed ones, the level 
for flattening off should be 115 db. In practice, 
it was found necessary to flatten off the com- 
pressor output at a level of 106 db, as shown by 
the solid curve of Fig. 7. When the signal levels 
reaching the compressor were delayed some two 
or three milliseconds with respect to those 
modulating the control current, so as to give the 
compressor time to act, it was found that the 
flattening off level could be raised 5 db. As 
shown by the dotted curves of Fig. 7, this 
reduces the reproduced film noise an additional 
5 db during the period when the compressor acts. 
The records for the most part, however, were 
made in accordance with the solid curve of 
Fig. 7, as the technique for introducing delay 
was not well worked out at the time of recording. 

The combination of equalizers and compandor 
affords sufficient film noise reduction that it will 
be inaudible during all silent periods and during 
all periods when the full orchestra is playing. 
The periods when the noise is most likely to be 
audible is when either low or high frequency 
tones only are being produced by single instru- 
ments or small groups of similar instruments, as 
happens rather frequently in symphonic pro- 
grams. To obtain a conservative estimate of the 
audibility of the noise under such conditions, 
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the levels of the reproduced film noise have been 
determined when the system is called upon to 
record and reproduce either a 200- or a 4000-cycle 
pure tone. From the levels of the reproduced 
film noise, it was possible to determine, from the 
pure tone masking curves, the levels of the 
noise above threshold in the presence of the 
reproduced pure tones. 

The curves in Fig. 8(a) show the levels above 
threshold of the reproduced film noise as heard 
in the presence of the reproduced pure tones of 
4000 and 200 cycles, for the combination of 
equalizer No. 1 and the 30-db compandor. The 
tone levels are shown by the x axis, and represent 
either the input or the reproduced tone levels, 
since they are equal. The frequency range of 
the noise that is audible in the presence of the 
200-cycle tone extends from 5000 to 10,000 
cycles. The range that is audible in the presence 
of the 4000-cycle tone extends from 100 to 3000 
cycles. This noise, as it rises and falls with 
fluctuating tone levels, produces the so-called 
hush-hush, which may be either low or high 
frequency in character. As suggested by the 
dotted curves of Fig. 7, the hush-hush may be 
reduced 5 db below the values shown, by 
delaying the signals two or three milliseconds at 
the compressor input. 

Figure 8(b) shows similar curves for the 
equalizer No. 2 when combined with the 30-db 
compandor. They suggest that equalizer No. 2 
would have been a better choice than No. 1, as 
less low frequency hush-hush is produced, i.e., 
the hush-hush of the noise when heard in the 
presence of the high frequency masking tone. 

In an earlier paragraph it was noted that the 
use of a compandor alone, to accomplish the 
noise reduction required for silent periods, would 
not generally result in the most effective masking 
of the noise by the signal. This is illustrated by 
the curves of Fig. 8(c), which obtain for a 40-db 
compandor without an equalizer. Although such 
a compandor reduces the film noise to inaudi- 
bility during silent periods, the high frequency 
hush-hush is considerably greater than obtained 
with an appropriate equalizer. 

In the paper by Fletcher, it was pointed out 
that a self-acting compandor would not give as 
good a discrimination against noise as one of the 
type described here, involving the use of a pilot 
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channel. The curves of Fig. 8(d) show the noise 
levels for a 30-db 2:1 self-acting compandor 
when combined with equalizer No. 2. In this 
type of compandor, the compressor gain changes 
through a 30-db range at the rate of 1 db per 
2-db change in signal level. Although the two 
types are equally satisfactory during silent 
periods, the self-acting type results in hush-hush 
over a wider range of signal levels than does the 
type used in the SSFS. 

The foregoing discussion has been predicated 
on such a gain setting of the SSFS as to afford 
unity reproduction, i.e., reproduced intensity 
levels equal to the original levels. The enhance- 
ment feature provides for a gain increase of 
10 db above unity. Since the gain increase takes 
place on reproduction, it will cause a corre- 
sponding increase in the level of the reproduced 
film noise. Reference to Fig. 6 will show that the 
film noise during silent intervals is just about 
at the threshold, so that any increase in gain 
during these periods will result in audible noise. 
Gain increases made while the full orchestra is 
playing will not result in audible noise, as the 
full orchestra provides sufficient masking. When 
single instruments play at levels below the 
operating level of the compressor, i.e., 60 to 
70 db, a gain increase raises the film noise from 
the level which it has during silent intervals. 
Figure 6 shows that, at this level, the film noise 
below 3000 cycles is some 7 db below the 
audience noise. Hence, if the instruments are 
producing high frequency tones, the gain may 
be increased 7 db without the noise becoming 
audible. When low tones are produced, however, 
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a gain increase would produce audible high 
frequency noise, as low frequency tones at these 
levels would not mask the high frequency noise. 
When single instruments play at levels high 
enough to operate the compressor, the increase 
in noise levels caused by a gain increase corre- 
spond, in the worst cases, to those shown in 
Fig. 8(a), as it is unlikely that any single 
instrument producing a relatively pure tone 
would ever produce a level within 10 db of the 
overload level of the compressor. Many instru- 
ments cover a wide enough frequency range to 
mask the film noise for any gain increase up to 
10 db. Hence the system makes some, although 
not complete, provision for inaudible noise levels 
during periods when the reproduced sounds are 
enhanced by gain increases. 
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In conclusion, we may summarize by saying 
that the reproduced film noise is inaudible 
during silent periods, during periods when the 
full orchestra is playing, and during periods 
when any single instrument plays at levels 
below some 60 to 70 db. Single instruments, 
such as the drums, cymbals, saxophones and 
trombones, produce sufficient masking to render 
the film noise inaudible for the higher levels, 
For instruments producing relatively pure tones 
at levels high enough to operate the compressor, 
the film noise may rise some 10 db above 
threshold, and be audible as a_hush-hush, 
particularly when the tones are of high or low 
frequency. Except in these cases, the system is 
capable of recording and reproducing the full 
intensity range of orchestral sounds. 
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els acta RO 

its, In the course of an investigation of phase distortion in electroacoustical systems the phase 
shift vs. frequency characteristic of a standard miniature condenser transmitter was measured 

ind by application of the principle of reciprocity. Measurements were made in a closed cavity 

der and in free space. In analogy to the free field response the phase of the pressure in the undis- 

els. turbed sound wave was taken as reference. By application of a principle of similitude the 

nes j phase shift due to diffraction and cavity resonance was determined experimentally and found 

sor, to be in agreement with theory. The phase characteristics of a number of commercial micro- 
phones of representative types were investigated by comparison with the standard condenser 

we microphone. Difficulties were encountered at wave-lengths comparable with the dimensions 

ish, of the microphones due to the uncertainty of microphone position with respect to the source. 

low Relative response curves were obtained as a supplement and general check on the experimental 

1 is | method. The phase characteristics of a number of electrodynamic loudspeakers are presented. 

full } 
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INTRODUCTION 


HE general problem of electrical trans- 

mission of speech and music in a single 
channel from one room to another is complicated 
and does not lend itself readily to complete 
theoretical treatment. It may be made manage- 
able with some sacrifice in rigor by considering 
the problems of transmission and room acoustics 
separately. Attention is given here to the problem 
of transmission only, excluding room acoustics 
from consideration. 

A relevant description of the transmission 
properties of the system is possible by assuming 
free field conditions at both sending and receiving 
ends. In an experimental investigation, the 
microphone at the sending end is excited by a 
loudspeaker and the sound field of the loudspeaker 
at the receiving end is explored by a second 
microphone, free field conditions prevailing at 
both ends. The transmission system thus created 
consists of two “‘electroacousto-electrical” sys- 
tems, each consisting of a loudspeaker linked 
acoustically to a microphone, which are con- 
nected by purely electrical transmission net- 
works. The system loudspeaker-microphone is 
equivalent to a passive, linear electric four-pole, 
if the transducers are linear and reversible and if 
all mechanical motions are reflected in a single 
electrical coordinate. In general, the configura- 
tion of the equivalent four-pole is not known, but 


*Presented at the 25th Meeting of the Acoustical 
Society of America, Rochester, New York, May 5, 1941. 


the concepts and theorems of electric network 
analysis can be applied to the two accessible 
electrical meshes, notably the concept of transfer 
impedance and the reciprocity theorem. If the 
emitted sound waves are not symmetrical in the 
absence of obstacles,! the reciprocity theorem in 
its simple form cannot be applied and the charac- 
ter of the sources has to be taken especially into 
account. Application of the Fourier integral 
theorem yields the well-known conditions for 
distortionless transmission and shows the suffi- 
ciency of the steady-state amplitude and phase 
transmission characteristics to describe uniquely 
the behavior of the system for the most general 
case. 

While the phase characteristics of purely elec- 
trical networks are well known, no significant 
amount of data on the phase characteristics of 
such widely used electroacoustic transducers as 
microphones and loudspeakers seems to be avail- 
able in the literature. 

In this paper, the phase characteristics of such 
devices are presented in the form of a survey of 
existing equipment. Such a survey is _neces- 
sary before attempting to achieve improved 
performance. 

If the transfer voltage ratio of the equivalent 
four-pole is denoted by 


e— lA) +iB@)] , 





1Lord Rayleigh, Theory of Sound (Macmillan, 1896), 
Vol. II, §294. 
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then a plot of 20 logi9 e~4 vs. frequency is the 
response characteristic, and a plot of B(w) vs. 
frequency is the phase characteristic. In this 
notation a lagging phase angle is positive. w is the 
angular frequency. B(w) may be written as 


B(w) =kwtnr+d(w), (1) 


where d(w)** is the phase distortion,” k is a 
constant, ” is an integer. The slope of the phase 
characteristic, the envelope delay,*‘ is given by 


(2) 


where d’(w) is a measure of the delay distortion.’ 
According to Steinberg,® phase distortion results 
in general in a delay proportional to B’(w) and in 
distortion of the wave form, essentially controlled 
by the intercepts of the tangents to the phase 
characteristic on the phase shift axis (intercept 
distortion). 

The amount of tolerable phase distortion in a 
transmission system for speech and music has to 
be determined by subjective listening tests. Few 
data on such tests are available, but all show 
that delay distortion rather than phase or 
intercept distortion is most readily noticed by the 
human ear.® Recently published results of listen- 
ing tests® give about 8 milliseconds permissible 
delay distortion at the high frequencies and about 
15 milliseconds at 100 cycles, both referred to 
1000 cycles as reference frequency. 


B'(w) =k+d'(w), 
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** d(w) is a function of w other than linear. 

2S. P. Mead, Bell Sys. Tech. J. 7, 195 (1928). 

3C. E. Lane, Bell Sys. Tech. J. 9, 493 (1930). 

4R.V.L. Hartley, Bell Sys. Tech. J. 20, 222 (1941). 

5 J. C. Steinberg, Bell Sys. Tech. J. 9, 550 (1930). 

6 F. A. Cowan, R. G. McCurdy, and I. E. Lattimer, Bell 
Sys. Tech. J. 20, 235 (1941). 
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CALIBRATION OF A MINIATURE 
CONDENSER MICROPHONE 


In order to investigate experimentally the 
phase characteristics of electroacoustic trans- 
ducers it is necessary to have available a micro- 
phone, small in physical size, whose phase shift 
calibration is known. It is convenient to extend 
the usual definitions of free field and pressure 
calibration to include the phase as well as the 
amplitude. 

A miniature W.E. condenser microphone was 
calibrated in terms of free field pressure in 
amplitude and phase by application of the 
reciprocity theorem. The experimental arrange- 
ment is shown in Fig. 1. It consists of a phase 
meter with associated preamplifiers in one or both 
channels. The phase shift of one microphone with 
respect to an auxiliary reference voltage or the 
phase difference between the outputs of two 
microphones can be measured. An oscilloscope 
was permanently in use to be on guard against 
distortion and noise, since filters could not be 
used. 

Using the procedure described by Cook’ and 
MacLean,’ the pressure calibration of the micro- 
phone was secured by coupling it to another 
similar condenser microphone by means of a 
small pressure chamber. The dimensions of the 
chamber were small as compared with the wave- 
length of sound for frequencies below 1000-1500 
cycles. The results are shown in Fig. 2, where also 
a thermophone calibration, made several years 
ago, is given for comparison. The phase shift is 
seen to be practically zero for this frequency 
range. The slight drop in response at low fre- 
quencies is most likely due to imperfect sealing of 
the chamber. Very similar results, shown in 
Fig. 3, were obtained for the other microphone. 
Microphone D96436 was used as the reversible 
transducer. Rayleigh disk and thermophone 
calibrations are shown for comparison. System- 
atic deviations between reciprocity and thermo- 
phone and Rayleigh disk calibrations exist for 
both microphones, similar to those reported by 
Cook.? No attempt was made to extend the 
frequency range by the use of hydrogen. 


7R. K. Cook, J. Research Nat. Bur. Stand. 25, 489 
(1940); J. Acous. Soc. Am. 12, 415 (1941); ibid. 13, 81A 
(1941). 


8 W. R. MacLean, J. Acous. Soc. Am. 12, 140 (1940). 
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PHASE DISTORTION IN ELECTROACOUSTIC SYSTJ|EMS 


Fic. 2. Pressure cali- 
bration of miniature 
condenser microphone 
W.E. D96436. 





} 

The phase shift of the output voltage relative principle of similitude® which asserts that for a 
to the free field pressure depends among other given geometrical shape the obstacle effects 
things on the effects of cavity resonance and depend only upon the ratio of a significant 
diffraction. These obstacle effects were investi- dimension of the obstacle to the wave-length. 

by using an enlarged model of the micro- ~~~ 
gated by 8 : oe ged model of the micro ®R. N. Marshall and F. F. Romanow, Bell Sys. Tech. J. 
phone, shown in Fig. 4. Use was made of a 15, Appendix B (1936). 
AA ee 
Fic. 3. Pressure cali- 

bration of miniature 

condenser microphone 
} W.E. 640. 
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Fic. 4. Microphone model. 


The model, five times the size of the microphone 
with preamplifier head, was placed in the sound 
field of a “‘point’’ source. The ‘‘point’’ source 
consisted of a W.E. 555 driving unit with an 
acoustic inertance inserted in its throat and 
terminated in a multiple capillary tube 13 inches 
long.’° An opening was provided in the center of 
the model to accommodate preamplifier and 
microphone to measure the pressure at the center 
of the front face of the model. The change in 
output due to the presence of the model body was 
measured in amplitude and phase for normal and 
parallel incidence with respect to the front face. 
The results are shown in Fig. 5, the heavy lines 
indicating the experimental curves. Results of 
calculations are also shown for the cavity reso- 
nance alone, corresponding to the case of parallel 
incidence and for the sum of cavity resonance and 
diffraction around a cylinder, corresponding to 
the case of normal incidence. The general 
agreement is quite good. Deviations are princi- 
pally due to the fact that the calculations were 
made for plane waves, whereas the measurements 
were made in an essentially spherical sound field. 
Furthermore the diaphragm integrates the pres- 
sure over a finite area. 

To include the effects of diaphragm resonance 
and higher modes of vibration, a reciprocity 
calibration was made in free space, whose results 
are shown in Fig. 6. Some of the points were 
secured by intercomparison with a crystal micro- 
phone. It is clear that the accurate knowledge of 
the separation in space of source and microphone 


10 F, V. Hunt, J. Acous. Soc. Am. 10, 216 (1939). 
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is of much greater importance for phase measure- 
ments than for measurements of amplitude alone, 
because of the phase shift introduced by the 
spatial separation. Inaccuracies in determining 
this distance are the main source of errors at high 
frequencies. The discrepancies in response at high 
frequencies as compared with the Rayleigh disk 
calibration are probably caused by interaction 
between the two transducers which had to be 
placed fairly close to each other. This had to be 
done to avoid excessive phase shifts at high 
frequencies which would introduce experimental 
difficulties. 

It is interesting to note that the obstacle 
effects contribute most of the rise in response at 
high frequencies, whereas the phase characteristic 
is essentially determined by the properties of the 
vibrating system. The delay is seen to be quite 
small, much smaller than in the 
preamplifier. 


associated 


MICROPHONES 


Having secured the free field phase and re- 
sponse calibration for normal incidence of a 
standard, a number of representative commercial 
microphones were investigated. Their phase and 
delay characteristics, expressed in terms of open 
circuit voltage and free field pressure were 
measured by comparison with this standard. At 
frequencies below 200 cycles the measurements 
were performed in a closed cavity, between 200 
and 1000 cycles in free space, using the “point” 
source already described and above 1000 cycles 
by use of a small dynamic speaker. The micro- 
phone under test was either substituted in the 
sound field for the standard or the phase shift 
between the outputs of standard and unknown 
determined. In this case the two units were 
placed symmetrically with respect to the sound 
source. All measurements were made in a highly 
absorbent room. Since the apparatus was de- 
signed primarily for phase measurements, the 
errors in the response curves were greater than 
those corresponding to optimum technique. 

Figure 7 shows relative response, phase and 
delay characteristics of a dynamic microphone. 
At high frequencies, the data secured as described 
are supplemented by data secured from a 
reciprocity test. Considerable delay is seen to 
occur at low frequencies. 
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Fic. 5. Model experi- 
ment. 
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After these data had been taken, the phase 
characteristic of a similar microphone, computed 
from the equivalent circuit in terms of the pres- 
sure applied at the diaphragm was published by 
Marshall and Harry.'! The agreement with the 


ul R. N. Marshall and W. R. Harry, J. Acous. Soc. Am. 


12, 481 (1941). 
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experimental results is very good up to about 
1000 cycles. The deviations at higher frequencies 
correspond mainly to the difference of free field 
and pressure calibrations. The results for crystal 
microphones of the sound cell and diaphragm 
type are shown in Fig. 8 and Fig. 9, respectively. 
The delays are seen to be quite small. Figure 10 
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Fic. 6. Reciprocity 
calibration of minia- 
ture condenser micro- 
phone in free space. 
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gives the curves for a ‘Junior’ type ribbon 
velocity microphone. Calculations have been 
made for the simplified case of a mass controlled 
ribbon of a single degree of freedom mounted in a 
circular baffle. In spite of the crude approxi- 
mations, relatively good agreement obtains be- 
tween measurements and calculations. 
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| DYNAMIC MICROPHONE 
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Fic. 7. Relative re- 
sponse, phase and delay 
characteristics of dy- 
namic microphone. ~ 


Fic. 8. Relative re- 
sponse and phase char- 


acteristic of crystal 
microphone, sound cell 
type. 


LOUDSPEAKERS 


The calibrated condenser microphone was used 
to measure the ‘‘close-up” phase characteristics 
of a number of dynamic loudspeakers which are 
presented with the corresponding response curves. 
It should be borne in mind that these response 
curves do not permit an immediate interpretation 
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Fic. 9. Relative re- 
sponse and phase char- 
acteristic of crystal mi- 
crophone, diaphragm 
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Fic. 10. Relative re- 
sponse and phase char- 
acteristic of ‘‘Junior’’ 
type ribbon velocity 
microphone. 


in terms of desirability for listening purposes, 
since the ‘‘close-up’’ position of the microphone 
does not correspond to normal listening con- 
ditions. If the loudspeaker-microphone distance 
is increased, the phase shift due to the separation 
in space increases, which makes the phase 
characteristic in graphical representation appear 
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JUNIOR TYPE VELOCITY MICROPHONE — 





more linear. It also becomes increasingly difficult 
to separate accurately the phase shift in the 
loudspeaker and microphone from the total 
measured phase angles. Phase and delay distor- 
tion, however, are not changed. 

In the response curves presented subsequently, 
the amplifier and microphone response has been 
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METAL DIAPHRAGM 


plotted as a reference curve, which has to be 
subtracted from the measured response curve to 
give the correct loudspeaker response. 

Figures 11 and 12 give the results for a metal 
diaphragm direct radiator loudspeaker. A close 
correlation is seen to exist between portions of 
negative slope of the phase characteristic and 
valleys in the response curve. Such portions of 
negative delay are frequently encountered also in 
purely electrical networks and this problem is 
discussed to some extent in reference 4. Figures 
13 and 14 show data fora dual coaxial loudspeaker 
unit mounted in a bass reflex case. A region of 
negative delay exists near the cross-over fre- 
quency of 2000 cycles. Correlation with the 
response record is much less clear. The data 
shown in Figs. 15 and 16 pertain to a compound 
horn direct radiator loudspeaker. The phase 
angles encountered here are much larger and the 
phase characteristic approaches a straight line 
more than in the other case. This is due, in part, 
to the large air path of the horn interposed 
between driving unit and horn mouth. Due to the 
particular microphone position chosen in this 
case, the response curve shows a marked drop at 
high frequencies since the directional character- 
istics of the directly radiating unit come into 
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1600 
OEGR. 
1400 


/1200 


1000 


Fic. 11. “Close-up” 
phase and delay char- 
acteristic of metal dia- 
phragm direct radiator 


loudspeaker. 
600 








1000 
10000 


play, the microphone being not situated on the 
axis. 
CONCLUSIONS 

None of the units investigated in this survey 
exceeds the limits of tolerable delay distortion 
established by subjective listening tests. It 
should be pointed out, however, that the results 
of such tests, as published so far in the literature 
are not strictly applicable to complicated forms 
of phase characteristics, such as exhibited by 
loudspeakers. Also, the listening tests as pub- 
lished refer almost exclusively to speech and not 
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Fic. 12. ‘‘Close-up” relative pressure response of metal 
diaphragm direct radiator loudspeaker. 
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Fic. 13. “Close-up” phase characteristic of dual coaxial 
loudspeaker unit. 
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Fic. 14. ‘‘Close-up” relative pressure response of dual 
coaxial loudspeaker unit. 


to music. The data on loudspeakers are, further- 
more, subject to the criticism that they are 
“ee ” . 

close-up’’ measurements which do not corre- 
spond to actual listening conditions. 

There is need for more subjective listening 
tests and an investigation of loudspeakers on a 
broader scale. Nevertheless, it is hoped that the 
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Fic. 15. “‘Close-up” phase characteristic of compound horn 
direct radiator loudspeaker. 
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Fic. 16. “‘Close-up”’ relative pressure response of compound 
horn direct radiator loudspeaker. 


data secured in this survey may be helpful in 
appraising the importance of phase distortion. 
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An acoustic wattmeter has been constructed to measure sound energy flow. It consists of a 
crystal pressure microphone and a miniature ribbon velocity microphone mounted close 
together and connected through separate amplifiers and phase equalizing networks to a thermo- 
couple-type audiofrequency wattmeter. Provision is made to measure sound pressure and 
velocity separately as well as the energy flow represented by their product. The normal acoustic 
mobility and absorption coefficient of a surface may be computed from measurements of sound 
energy flow into the surface and sound energy density at the surface. Measurements were 
made on samples of hairfelt and Type B Acousti-Celotex at normal incidence with the material 
mounted at the end of a tube, and at random incidence with the material on the floor of a 
large sound chamber. Referring all results to random incidence, the values of the absorption 
coefficients obtained by the two methods agree well with each other and are in fair agreement 
with results obtained by the reverberation-time method. 


INTRODUCTION 


HE following definition was proposed by the 

American Standards Association in 1936: 
“The sound intensity of a sound field in a 
specified direction at a point is the sound energy 
transmitted per unit of time in the specified 
direction through a unit area normal to this 
direction at the point. The unit is the erg per 
second per square centimeter but sound intensity 
may also be expressed in watts per square 
centimeter.” 

Sound intensity has been made the basis of 
the measurement of loudness level and the term 
is used frequently in discussing sound fields. 
However, in spite of the fundamental position 
this quantity has been given in regard to sound 
phenomena, insofar as the authors are aware, 
no attempt has yet been made to measure it 
directly.* The sound engineer is thus in the same 
position as the electrical engineer who has avail- 
able voltmeters and ammeters but no watt- 
meters. The work reported here was undertaken 
with the object of constructing an instrument to 
measure sound intensity and of exploring some 
of its applications to the study of sound fields. 

While the definition quoted above gives a 
perfectly definite meaning to the word ‘‘in- 
tensity’ as applied to sound fields, it is found 


* The principle of an instrument for measuring sound 
intensity was described in U.S. Patent No. 1892644 issued 
to Harry F. Olson. 


that in less formal discussions the word is often 
used incorrectly, the most common misuse being 
to associate it with sound pressure level, or 
potential energy density. To avoid this con- 
fusion we propose that henceforth the intensity 
vector be called the “‘power vector,” and the 
terms “power density” or simply ‘‘energy flow” 
be used to describe the component of that 
vector in a specified direction. 

It may be shown that power density (W) is 
given by the equation 


1 «ft 
W,=— f pradt, (1) 
T Yo 


where p is the instantaneous sound pressure and 
va is the instantaneous particle velocity in the 
direction a in which the power density is being 
measured. Both pressure and velocity are as- 
sumed to be periodic with the common period T. 
It is clear then that if we can obtain an alter- 
nating electric voltage proportional to the in- 
stantaneous sound pressure at a point, and 
another voltage proportional to the component 
in the a direction of the instantaneous particle 
velocity at the same point, and apply these two 
voltages to the terminals of a suitable watt- 
meter, the reading of the wattmeter will be 
proportional to the power density W, at the 
point. This is the principle used in the instru- 
ment described here. 
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CONSTRUCTION 


In practice, the instrument is set up as shown 
in the block diagram Fig. 1. A crystal pressure 
microphone and ribbon velocity microphone are 
mounted together in a single microphone unit. 
Leads come from these two microphones to 
separate amplifiers and attenuators. These in 
turn feed through phase correcting networks to 
the wattmeter unit. The purpose of the phase 
correctors is to compensate for phase shift in the 
microphones or preceding amplifiers. 

The wattmeter used here is of the thermo- 
couple type. It was selected because of its 
stability and the ease with which it could be 
adapted to work over an extended range of 
frequencies. The theory of this type of wattmeter 
has been discussed by Bruckmann and others.!~* 

Figure 2 shows a simplified version of the 
actual circuit arrangement in which 7, and 7:2 
are two ideal transformers having, for simplicity, 
a unity turns ratio between the primary and 
each secondary, and //,, H/. are two matched 
thermocouples with an ideal square-law output. 
G is a galvanometer for measuring the d.c. 
output of the thermocouples connected in series 
with opposing polarity. Let the voltages applied 
across the primaries of the two transformers be 


e=F, sin wt, 
éo= FE, sin (wit+ 6). 


The voltages appearing across the heaters of the 
thermocouples are then given by 


€3=€2+e,=E2 sin (wt+0)+E; sin wt, (2) 


€s=€2—€1= Fg sin (wi+0)— Ey sin wl (3) 









Output 
Galvanoneter 








Ce. Amplifier 
and 
Attenuator 


Fic. 1. Block diagram of acoustic wattmeter. 


1W. Bader, Archiv. f. Elektrotechnik 29, 809 (1935). 

*H. W. L. Bruckmann and W. J. Reichert, Elektrotech. 
und Maschinenbau, 48, 781 (1930). 

* A. Herczeg, Elektrotech. Zeits. 51, 421 (1930). 

*P. M. Lincoln, J. A. I. E. E. 48, 129 (1929). 
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tr 
on 


and the d.c. output of the thermocouples by 
E;=k(e3?)y=sREP+3RE2+RE\E2 cos 6, (4) 
Eg=k(e?)w=skREY+3RE2—RE\E2 cos 0, (5) 


where k is a constant characteristic of the thermo- 
couples, and the angle brackets mean here that 
the time average is to be taken over one complete 
period of that quantity. Since the galvanometer 
measures the difference in the e.m.f.’s of the 
two thermocouples, its reading will be propor- 





Fic. 2. Simplified circuit of thermocouple wattmeter unit. 


tional to the quantity E,E, cos 6. The arrange- 
ment can therefore be used to measure electrical 
power in a circuit by making e; proportional to 
the voltage drop across that circuit, and é2 
proportional to the current into it; or it can be 
used to measure acoustic power by making e: 
and é2 proportional respectively to the sound 
pressure and the desired component of particle 
velocity. 

In practice, both the transformers and the 
thermocouples will depart somewhat from the 
ideal performance assumed above, but errors 
from this source may be overcome by careful 
balancing of the two sides of the wattmeter and 
by the use of calibration curves. 

The complete wattmeter circuit as finally 
adopted is shown in Fig. 3. The wattmeter unit 
proper comprises that portion of the circuit to 
the right of the dashed line, the terminals of the 
wattmeter being taken at the points a—b, c-d. 
Since three stages of amplification are thus 
included in each side of the wattmeter, this 
equipment provides a sensitive means of meas- 
uring audiofrequency power apart from its special 
use here. Adjustment of phase shift in the two 
sides of the circuit was such that the maximum 
phase angle error in the range from 60 to 2800 


ee 
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Fic. 3. Wiring diagram of amplifier and wattmeter units. 


cycles was 0.6 degree. When compared with a 
Weston portable wattmeter at 60 cycles, the two 
agreed within 2 percent of full scale on loads 
having a power factor of from 100 percent down 
to 2 percent leading. 

When working with the rapidly fluctuating 
voltages encountered in sound measurements, it 
is desirable to have some means of protecting 
the sensitive thermocouples against burnout due 
to overloads. This was provided here by con- 
necting two 1-watt neon lamps to a set of high 
impedance secondaries on the output trans- 
formers in such a way that the voltages across 
the lamps were proportional to, but about 25 
times greater than the voltages across the 
thermocouples. The lamps fired when the voltage 
across either thermocouple was 1.9 volts and 
this did not rise above 2.0 volts when the input 
voltage to the wattmeter was raised 40 db. 
At the same time, the lamps did not affect to 
any measurable degree the operation of the 
wattmeter at normal signal level giving a heater 
voltage of about 0.7 volt. 

By means of the switches S;, S2, S3 it is possible 
to connect the wattmeter to measure the mean 
square value of voltages connected to either of 
its input terminals. This permits a measurement 


of the kinetic and potential sound energy density 
at the microphone and adds greatly to the 
usefulness of the instrument as will be seen later. 

The attenuators preceding the wattmeter unit 
were found to give some trouble at first because 
the phase shift introduced by them varied with 
the attenuator setting. This effect was reduced 
to a negligible size by proper choice of the 
attenuator impedance and of the output im- 
pedance of the stage preceding them. Great care 
must be exercised to prevent coupling between 
the pressure and the velocity sides of the watt- 
meter, or between any two circuits on opposite 
sides of an attenuator. The effect of any such 
coupling is to make the phase shift in the watt- 
meter depend on the signal level or attenuator 
setting. 

Figure 4 shows the construction of the micro- 
phone unit containing the pressure microphone, 
velocity microphone, and ribbon-to-line trans- 
former. The pressure microphone was made up 
from two Standard Brush Sound Cells mounted 
one at either end of the velocity microphone and 
connected in parallel. This arrangement makes 
it possible to have the geometrical center of the 
pressure microphone coincide with the center of 
the velocity microphone. The double-horseshoe- 
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shaped magnetic structure of the velocity micro- 
phone was machined in one piece from a bar of 
cobalt magnet steel and permanently magnet- 
ized. The ribbon was cut from aluminum foil 
rolled down to a thickness of 0.0001” and was 
corrugated lightly. In over-all dimensions, the 
velocity microphone measured 2 inches long, 
1 inch wide and } inch thick. The sensitivity of 
the pressure microphone at 1000 cycles was 75 
decibels below 1 volt/bar, and of the velocity 
microphone including ribbon-to-line and line-to- 
grid transformers was approximately 50 decibels 
below 1 volt/kine. 

The operation of the pressure microphone was 
in general satisfactory. The crystals were free 
from resonances and diffraction effects up to at 
least 2000 cycles which was the limit of our 
means of calibration. In addition, they were 
compact and convenient to use. However, as 
was to be expected, the phase shift and sensi- 
tivity of the crystals was somewhat dependent 
on temperature. This became serious at tem- 
peratures above 25°C. Fortunately, all the work 
reported here could be done in the temperature 
range from 24 to 25.5°C—it was August, 1939— 
in which the total change in phase at 125 cycles 
amounted to less than 1.5 degrees and the change 
in sensitivity was 0.5 decibel. The magnitude of 
the variations was approximately inversely pro- 
portional to the frequency and was not trouble- 
some at higher frequencies. 

The velocity microphone presented a difficult 
problem in connection with its ribbon resonances. 
While the fundamental mode of vibration can 
usually be kept well below the working fre- 
quency range, almost invariably one or more of 
the higher modes of vibration is of sufficient 
importance to cause trouble. This it does by 
introducing large changes in the phase and 
amplitude of the output of the microphone for 
sounds having a frequency close to one of these 
resonance frequencies, and large errors are intro- 
duced in the reading of sound power density 
unless these changes, and especially the changes 
in phase, are corrected by suitable networks. 


CORRECTION OF RIBBON RESONANCES 


The mobility of a simple mechanical element 
has been defined’ as the ratio of the velocity of 





‘F. A. Firestone, J. Acous. Soc. Am. 4, 249 (1933). 


(or across) the element to the force applied to 
(or through) the element. This same concept of 
mobility may be applied to the more complex 
mechanical structure presented by a stretched 
microphone ribbon by making a few simplifying 
assumptions, v7z. : 

(1) The only components of force and velocity 
which we need consider are those whose direction 
is normal to the plane of the ribbon. 

(2) The velocity of the ribbon is taken to be 
the average normal velocity weighted according 
to some given function of position (). Thus 


1 oy 
oe=— f hte, 2)dxdz, (6) 
A J, dt 


where A is the total area of the ribbon, dy/dt is 
the normal velocity of the ribbon element dxdz, 
and vz is the quantity which we will henceforth 
call the effective velocity of the ribbon. Later, 
it will be convenient to associate the weighting 
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Fic. 4. Construction of microphone unit. 
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function h(x, z) with the strength of the trans- 
verse magnetic field in which the ribbon lies. 

(3) With special reference to the problem at 
hand, it is also convenient to assume that the 
force arises from a difference in pressure on the 
two sides of the ribbon, and that the pressure 
is uniform over each side. This means that for 
sound waves striking the ribbon obliquely, the 
difference in phase along the ribbon must not 
be appreciable. 

With these initial assumptions, let us proceed 
to find the mobility of a stretched flexible ribbon 
supported at its two ends and acted upon by a 
uniformly distributed sinusoidal force. The ribbon 
may be supposed to be stretched along the 
X axis of a rectangular coordinate system be- 
tween the points x=0 and x=/. Let the mass 
of the ribbon be m grams per centimeter length, 
and the tension TJ dynes. If we assume that the 
driving force is fe’*t dynes per centimeter length 
acting in the positive Y direction, and that 
frictional forces amounting to 7 dynes per kine 
per centimeter length are also acting, the equa- 
tion of motion of the ribbon is 





a*y = ay 0*y . 
m—-+-r— — T—— fe'**=0. (7) 
ot? ~—s at Ox? 


The boundary conditions are y=0 at x=0 and 
x=l. The solution of this boundary value 
problem is found by standard methods to be 


o ¢2 fc! NTXx 
y= > (- f ssn ae) 
n=1,2\ ] J, l 


sin nx /l 





elvt 


- (8) 
Tn?r?/l? —w?m + jor 


Since the driving force f is assumed to be inde- 
pendent of x, the integral is readily evaluated 
and we get 


o 4f/nx sin nxx/l 





y= eet 


n=1,3,5 [n?9?/l? —w?m-+ jor 


_ < 4f/(2n+1)x sin (2n+1)xx/l 
n=0,1,2 T(2n+1)?x?/l?-—w*m+ jor 


ei t 


(9) 


The effective velocity of the ribbon is given by 
Eq. (6) and if we now assume that the weighting 


F. A. FIRESTONE 


function h(x, 2) is a constant equal to unity, then 





1 ¢' dy 
Vp=- —dx 
lJ) at 
( jAwf (2n+1)2rx 
| —___—— sin 
Lei} «2 (2n+1)x | 
= | - . - eet dx 
PJ, | n=01,2 T(2n+1)?2* | 
————— — w*m + jor | 
\ /? ) 
Bwf 
ce (2n+1)?x* 
” ae or (10) 
n=0,1,2 7'(2n-+1)?x? 
— _ —w*m+ jor 


But the total force acting on the ribbon is equal 
to fle’*t hence the mobility of the ribbon is 





78 
VE . (2n+1)?7?/ 
Zr=—— = ——__—_—— (11) 
flei*! »=0,1,2 T(2n+1)?x? 
—————————- — w’m+ jor 
[2 
Substituting 
8 


R,= ae re ’ 
(2n+1)?x?lr 
C, =3(2n+1)?x7lm 
81 


L.=— enn 
(2n+1)*x*T 


we obtain the mobility of the ribbon in the form 


ee 
n—0 n=0 1 1 
1 4 (c-) 
R,, wL, 


Hence the mobility of the ribbon can be thought 
of as an infinite series of component mobilities 
Z,, each of which consists of a dissipative term 
R,, a compliance L,, and a mass C,, connected 
in parallel. The mobility of the separate elements 
diminish rapidly as n increases. Note also that 
because of the assumed uniformity of the mag- 
netic field, only the fundamental and odd modes 
of vibration of the ribbon contribute to the 
mobility. 
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Fic. 5. Equivalent circuit of ribbon velocity microphone. 


Figure 5 shows an equivalent circuit of the 
ribbon velocity microphone. The mobility of the 
ribbon is represented by the string of parallel 
resonance circuits Zo, Z1, ***, Zn, +++. The 
e.m.f. of the generator e, is taken to be pro- 
portional to the velocity at the position of the 
microphone in the undisturbed wave, while the 
mobilities Z;, Z2, account for the local distortion 
of the wave by the microphone structure. The 
ideal transformer of turns ratio JJ] marks the 
transition from mechanical and acoustical ele- 
ments to purely electrical elements, R and L 
being the electrical resistance and inductance of 
the ribbon and leads. 

The equivalent circuit was used as a guide to 
the design of the equalizing network, the plan 
being to overcome the effects of phase shift in 
the velocity microphone by introducing a corre- 
sponding phase shift in the pressure side of the 
wattmeter. The equalizing network was there- 
fore built up having the same arrangement of 
resonance circuits, etc., as the equivalent circuit 
of the velocity microphone and was inserted 
following a special low output impedance stage 
in the pressure amplifier. (See Fig. 3.) 

In Fig. 6 is plotted the phase shift and sensi- 
tivity of the velocity microphone and amplifier 
system referred to that of the pressure micro- 
phone and amplifier. The measurements of phase 
angle and sensitivity shown here were made by 
setting ‘up a standing wave system in a long 
brass tube closed by a rigid wall at one end and 
excited at the other. The microphones were 
mounted a distance of } wave-length from the 


reflecting end of the tube. At such a point in 
the sound field the potential energy density is 
equal to the kinetic energy density and the 
pressure and particle velocity are 90° apart in 
phase. As a check on possible absorption in 
the tube, measurements were repeated at 3 
wave-length from the closed end. The dashed 
line in Fig. 6 indicates the phase shift caused by 
the input transformers on the velocity side. 
Ribbon resonances are clearly indicated at fre- 
quencies of approximately 100, 225, 410 and 1150 
cycles. Figure 7 shows the same curves taken 
after the equalizing network was installed. The 
100- and 225-cycle resonances have been prac- 
tically wiped out. Equalization of the 410-cycle 
resonance was not complete because of its sharp- 
ness and the consequent difficulty in obtaining 
an inductance having a sufficiently high “‘Q.”’ 
The smaller resonance at 1150 cycles was missed 
in the first calibration of the microphone and 
was left uncorrected. 


THEORY OF MEASUREMENTS WITH THE 
Acoustic WATTMETER 


The absorption coefficient of a surface is a 
quantity to which a great deal of attention has 
been paid, and it is of some interest to see how 
the acoustic wattmeter can be used to measure 
this quantity. We begin by considering the case 
in which a plane progressive wave is incident 
normally on the surface of a uniform layer of 
the absorbing material. This is the condition 
generally assumed and approximately realized in 
a measurement of absorption coefficient by any 
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Fic. 6. Phase shift and sensitivity of velocity microphone as a function of frequency. 


of the conventional tube methods.*® In these, 
measurements are made of the pressure or 
velocity in the longitudinal standing wave system 
which can be set up in a long narrow tube, one 
end of which is closed by the absorbing material 
under test. The velocity potential for such a 
field can be written 


¢=A cosh (u—jkx), 
where A =2(A,A2)}, 


u=log (A,/A2)?, 
k=2r/A=/c, 
x=distance measured from equivalent 
reflecting plane, 
A,=amplitude of wave incident on ab- 
sorbing material, 
A2=amplitude of wave reflected from ab- 
sorbing material. 


(13) 


The sound pressure and particle velocity in the 
tube are given by 


(14) 
(15) 


p=jwpoA cosh (u—jkx), 
v=jkA sinh (u—jkx), 


6 E. T. Paris, Proc. Phys. Soc. 39, 269 (1927). 

7E. C. Wente and E. H. Bedell, Bell Sys. Tech. J. 7, 1 
(1928). 

8 A. H. Davis and E. J. Evans, Proc. Roy. Soc. 127, 89 
(1930). 





where po is the density of the air in the tube. 
From these we can compute that the sound 
power density in the direction of the tube axis, 
averaged over one complete period of the wave is 


W,=3wpokA? sinh u cosh u 


=F wpok(AP—A,?). (16) 


The sound energy density, also averaged over one 
complete period is 


E = pok?A*(cosh? u+sinh? x) 


= 3 pok*(A ;?+ A”) (17) 


and the specific acoustic mobility (Z,) looking in 
the direction of the absorbing material is given by 
pocZ,=tanh (u—jkx). (18) 


The energy absorption coefficient @ is given in 
terms of the amplitudes of the direct and re- 
flected waves by the relation 


|A2|? 


From Eqs. (16) and (17) above, we see that 


We |Ail?—|Ao/? 
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Fic. 7. Phase angle error and differential sensitivity of acoustic wattmeter 
as a function of frequency. 


Therefore 
2(W./cE) 
SS, (19) 
1+(W,./cE) 


The subscript 0 is used with a@ here to indicate 
that it is the coefficient for waves at normal 
incidence. Since both the power density (W,) 
and the energy density (£) are independent of x, 





at 


Fic. 8. Plot of right-hand members of Eqs. (42) to (46) as 
functions of b. 


the position along the tube, Eq. (19) enables us 
to compute the absorption coefficient from two 
measurements which may be made with the 
acoustic wattmeter at any point in the tube. 

The absorption coefficient may also be found 
from measurements of the acoustic mobility of 
the tube. By Eq. (18), a measurement of the 
real and imaginary components of pocZ, is 
sufficient to determine the quantity u, in terms 
of which the absorption coefficient is given by 
the relation 


ag=1—e-*™. (20) 


Here again, the measurements from which agp is 
computed may be made at any point in the tube. 
The absorption coefficient of a given material 
usually varies with the angle of incidence of the 
sound wave striking it. For this reason, measure- 
ments of the normal incidence coefficient have 
only limited application for materials to be used 
under conditions of random incidence unless 
suitable corrections can be applied to the values 
obtained at normal incidence. The more usual 
procedure is to find an average coefficient di- 
rectly by observing, through measurements of 
reverberation times, the influence of the sample 
on a supposedly random sound field in which 
waves are striking the sample from all directions. 
The following is an attempt to develop a similar 
technique for use with the acoustic wattmeter. 
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We begin with the simple case of a plane 
progressive wave incident at angle @ on a plane 
reflecting surface, and we make the assumption 
that the mobility of the reflecting surface is a 
pure real quantity which is independent of @. 
If we choose a rectangular coordinate system in 
which the X axis is normal to the reflecting 
surface and the Y axis lies in the plane defined 
by the X axis and the direction of propagation 
of the wave, then the velocity potential for the 
incident wave can be written 


¢1=A, exp [ j(wt—kx cos 0+ky sin 6)] (21) 
and for the reflected wave, 
o2= Ayr exp [j(wtt+kx cos 6+ky sin 9) ], (22) 


where A,;=amplitude of the incident wave, which 
can be taken as real without any 
loss in generality. 
r=reflection coefficient, which is real 
since the mobility of the surface is 
assumed real. 


Writing =x cos 6, n=ysin @, and suppressing 
the time varying factor, the velocity potential 
for the sound field in front of the reflecting plane 
can therefore be written 


o=doitde 
=A,[(1+7) cos ké cos kn 
+(1+7) sin ké sin kn | 
+ 7A,[(1+17) cos ké sin ky 
—(1-—r) sin kEcoskn]. (23) 
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From this we can compute the sound pressure 
dg 
P= po— 
ot 
=wpoAi[(1—7) sin RE cos kn 
—(1+7) cos ké sin kn | 
+ jwpoAi[(1+7) cos RE cos kn 
+(1—r) sin kEsin kn] (24) 
and the velocity components in the X and Y 
directions 
dg d¢ 
v,= —— = —cos O— 
Ox 0g 
=kA, cos 6[(1+7) sin RE cos ky 
—(1—7) cos RE sin ky | 
+ jkA, cos 0L(1+7) sin RE sin kn 


+(1—r) cos ké cos ky, |, (25) 
Oo 0d 
v, = —— = —sin 6— 
oy On 
=kA,sin 6[(1+7) cos ké sin kn 
—(1—r) sin ké cos kn | 
— jkA, sin 6[(1+7) cos ké cos kn 
+(1—r) sin RE sin kn]. (26) 


The power density in the positive X direction 
(the normal into the reflecting surface) is given 
by the scalar product of p and v, considered as 
vectors in phase space, thus 


W,,.= p-02= swpokA172(1—r*) cos 0. 


Nm 
~~ 


The mobility in the same direction is 





P pot 


Vz COS s ae sin ké cos kn —(1—7) cos RE sin kn 
2 (1—r) sin RE cos kn—(1+7) cos RE sin kn 


+ j(1+7) sin ké sin kn+j(1—7) cos RE cos " “ 
ee, | (9 


4+ j(1-+7) cos ké cos kn +j(1—r) sin ké sin ky 


The potential energy density is 


9 


U= 





=1p9k2A,*[(1+r)2—4r sin? RE] (29) 


2 poc? 
and the kinetic energy densities associated with 
the normal (X) and parallel (Y) components of 
velocity are 


— 


9 


Zn 2 Povz 
= |} pok?A 1? cos? OL (1—r)?+4r sin? RE], (30) 
T p= 3 poy” 


=} pok?A,? sin? 6[(1+7r)?—4r sin? RE}. (31) 


Returning to Eq. (28), the mobility of the re- 


flecting surface itself is obtained by putting x =0. 


—————— es 
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cos 6s1—r 
(Zn)z-0= —(—). (32) 


Hence 


1+r 


pot 


Or, writing b= poc(Z»)z-0, we obtain the familiar 


equation 
cos @—b 


r (33) 


- ©os a+b 


which gives the relation between reflection coeffi- 
cient and angle of incidence when the normal 
mobility of the reflecting surface is real and 
independent of 9. 

To provide a basis for the measurement of the 
absorption coefficient in a closed room by means 
of the acoustic wattmeter, we now make the 
assumption that the above simple theory is 
adequate to describe, the sound field in the 
neighborhood of an absorbing boundary of the 
room. Some justification for this is found in the 
exact solution for a room whose shape is that of a 
rectangular parallelopiped having one wall com- 
pletely covered by an absorbing material, the 
four adjacent walls by perfectly reflecting ma- 
terials, and the opposite wall by a surface dis- 
tribution of sound sources. The analysis of the 
steady-state sound field in such a space yields 
results differing only in minor respects with those 
obtained in the last section. For instance, if we 
choose the Y and Z axes of our coordinate system 
in the plane of the absorbing wall, and if we 
average the quantities W,, U, T,, and T, 
(=T,+T-.) separately over y and z within the 
limits of the room, we obtain a set of quantities 
whose variation with x is the same as that given 
by Eqs. (27), (29), (30) and (31). 

From Eq. (27) we find that at the absorbing 
boundary (or indeed for any value of x) 


W,. = SwpokA 17( 1— r?) cos @. 


Inserting the value of 7 in terms of 6 and b from 
Eq. (33) 


W,,=2wpokA 1*b cos? 6/(cos 0+6)*. (34) 


Now let us suppose that the actual sound field 
is made up, not of one single wave or mode of 
vibration, but of many such waves or modes, 
so that all directions in space are equally repre- 
sented. If each of the incident waves in this 
“random” sound field can be supposed to have 
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Fic. 9. Absorption coefficients measured at 
normal incidence. 


the same power density, i.e., }wpokA :? =constant, 
then the average power density normal to the 
boundary is found by averaging the expression 
for W,, above for waves arriving from all direc- 
tions. We have therefore 


™/2 cos? 6 sin 6d0 





W,.=2wpokA 1% f esis 
» (cos 6-46)? 


2b+1 b+1 
= 2wpokA a 7 2b log | (3 
b+1 


5) 





where the bar over a quantity is used here to 
designate an average taken over all possible 
directions of the incident wave. 

Similarly, inserting x=0 in Eqs. (29), (30), 
(31) and designating the energy densities at the 
surface of the absorbing material by the sub- 
script 0, we have 


Uo= } pok?A ?(1+7)’, 
T.2.= i pok?A r(1 —r)? cos" 6, 
T po = {pok?A 1°(1+7)? sin? 8. 


Inserting the value of 7 as a function of @ and 


a" 


oe ers 
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averaging over all directions, 





5 2b+1 b+1 
Uo= pok?A | —_ 2b log — =| (36) 
b+1 
" 2b+1 b+1 
T no= pok?A | 28 log —|, (37) 
b+1 b 


T~ = pok*A fa = 2b*) 


26+1 b+1 2b-—1 
x (— — 2b log +a (38) 
b+1 b 3(b+1) 


If, instead of making the energy density measure- 
ments at the surface of the absorbing material 
only, we take a sufficient number of readings at 
points distributed throughout the whole volume 
of the chamber to ensure an average value for 
the whole room, then designating such space 
averages by the subscript s, we have 
U,=tpok®A(1+7"), 

T ns= 1 pok®A 2(1+77) cos? 0, 

T ps = 1 pok?A 2(1+7°) sin? 6. 








W,/cUy=2b, 
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Again inserting the value of 7 as a function of @ 
and averaging over all directions, 











U.=3pok?A {~~ 2b 1 =") 
s= 2Pok 411" — og ’ 3 
0. 1 b+1 ( 9) 
‘ 2b+1 b+1 
T ns=pok?A | 3(———— 2b log —) 
b+1 b 
2b-1 
2) 
3(b+1) 
T ps=}pok?A Aa — 3b?) 
2b+1 b+1 5b-1 
x(——-2» log —) + | (41) 
b+1 b 3(b+1) 


By various combinations of the above we obtain 
the following ratios as being the most useful for 
a determination of 6 and hence of the absorption 
coefficient. 


























(42) 
VW n, c(l ot T no) =2b/(1+6°), (43) 
2b+1 b+1 
= 2(———2b log ) 
WwW, b+1 b 
C(Up+T not+T po) 2b+1 b+1 2b-1 
(2 -¥)( -— 2b log - )+ . (44) 
1 b 3(b+1) 
2b+1 b+1 
_ 20(— — 2b log —— 

W, b+1 b 
— = —_______—— (45) 

2cU, 3b+1 b+1 

——-—2b log —— 

b+1 b 
2b+1 b+ 
a (— —— 2b log ) 
Ww, 

Re a ae . (46) 

2c(T ns tT ps) 3b+1 b+1 

—— -—2b log —— 

b+1 b 


The next step is to find the ‘‘average”’ absorp- 
tion coefficient corresponding to any given value 
of 6. The absorption coefficient is defined as the 
ratio of the energy absorbed by a given surface 


in a given time to the total energy incident on 
that surface in the same time. We therefore 
define the average or random-incidence absorp- 
tion coefficient as the ratio of the absorbed 
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energy to the incident energy when waves of 
equal energy density are reaching the absorbing 
surface from all directions in space. Referring 
again to Eq. (17), the total energy density in 
the incident wave alone is found to be 


E=}pok?A? (47) 


and the energy per second striking unit area of 
surface inclined at angle @ to the direction of the 
wave is 


cE cos 6=4wpokA?* cos 6. (48) 


For waves of equal strength arriving at the sur- 
face from all directions, the average power 
reaching unit area of the surface is therefore 

w/2 


cE(cos 6) = 3wpokA ef cos 6 sin 6d 


0 
= jwpokA,?. (49) 


The rate of energy absorption under the same 
conditions is given by Eq. (35), hence dividing 
Eq. (35) by Eq. (49), we obtain the random 
incidence absorption coefficient 


2b+1 b+1 
a= 81(—— — 2b log ). (50) 
b+1 b 





MEASUREMENTS WITH THE ACOUSTIC 
WATTMETER 


In Fig. 9 is shown the results of some of the 
measurements of absorption coefficient at normal 
incidence using the acoustic wattmeter. To ob- 
tain the data for these curves, standing waves of 
sound were set up in a long brass tube 5 inches 
in diameter. One end of the tube was closed by a 
piston whose face was covered by the absorbing 
material under test. The other end was closed by 
a bare metal piston having a small hole at its 
center through which the sound waves entered. 
The microphone unit of the wattmeter was 
mounted in the tube facing the sample and 
about $ wave-length away. Measurements were 
made of sound energy density and power density 
and the normal absorption coefficient computed 
using Eq. (19). In one case—the curve marked 
“conventional tube method’”—the absorption 
coefficient was computed from measurements of 
the sound pressure at the nodes and antinodes 
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Fic. 10. Random incidence absorption coefficients 
for hairfelt. 


of the standing wave system. With Type B 
Acousti-Celotex, the difference between the re- 
sults by the wattmeter method and by the 
‘“‘tube’”’ method was less than the variation due 
to the method of mounting the sample. In the 
lower set of curves, the dashed line is taken from 
Wente and Bedell’s data’ obtained by a tube 
method. The agreement is considered good in 
view of the variability of this material. 
Measurements were also made on large scale 
pieces of the same materials. The samples, 
approximately 6 feet by 14 feet in size, were laid 
on the floor of the reverberation room at the 
University of Michigan (4620 cu. ft.) and a 
loudspeaker source was mounted along one side 
wall. Although these conditions do not conform 
exactly to the conditions assumed in obtaining 
these equations, it was of some interest to see to 
what extent they would still be valid. To provide 
some degree of randomness in the sound field, 
the frequency of the source was varied through 
a band spreading about 20 percent on either side 
of the mean frequency at a rate of about 2 
warbles per second. At nine different positions 
on the sample, readings were taken of the 
normal component of power density, the po- 
tential energy density, and the kinetic energy 
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Acousti-Celotex. 


density associated with the three components of 
particle velocity. In addition, energy density 
measurements were taken at ten selected points 
along two semi-diagonals of the room. From this 
data, absorption coefficients were computed using 
Eqs. (42), (43), (44), (45), and (46). The results 
are plotted in Figs. 10 and 11. The curves 
marked ‘‘Equation (42),”’ ‘Equation (43),”’ and 
“Equation (44)”” were obtained from measure- 
ments of power density and energy density made 
only at the surface of the sample. The curve 
marked ‘“‘Tube Method”’ was computed from the 
normal incidence coefficients as measured by the 
wattmeter for the material cemented in the tube. 
The conversion was made by first computing 
normal mobility, then using Eq. (50) giving the 
relation between normal mobility and random 
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incidence absorption coefficient. It is seen that 
these four curves agree fairly well for both 
types of absorbing material. The curves marked 
“Sabine’s Formula’”’ were obtained from rever- 
beration time measurements made with the 
sample left in the same position. The agreement 
with the rest of the data is not quite as complete 
here. The curves marked ‘‘Equation (45)”’ and 
“Equation (46)’’ were computed from measure- 
ments of power density at the surface of the 
sample and energy density out in the body of 
the room as represented by the ten chosen 
points. Here the results are obviously unreliable. 
This may be due to the inability of the theory 
to cover the experimental conditions chosen, or 
to the use of too few observation points out in 
the body of the room. 

A few applications may be suggested for 
the new power-measuring instrument described 
above. With its aid it should be possible to 
measure directly the sound power output of a 
loudspeaker or other electro-acoustic device. In 
noise reduction problems, the wattmeter may be 
of use in locating sound radiating surfaces. It has 
been demonstrated that in combination with the 
pressure and velocity units used separately, it 
can be used to measure acoustic mobilities by 
the ‘‘voltmeter-ammeter-wattmeter’’ method. A 
new method is also provided for measuring the 
absorption coefficient of a material either as a 
small sample mounted in a tube, or as a large 
sample on the wall of a room. In this connection, 
it promises to furnish the first means of meas- 
uring directly the individual absorption coeff- 
cients of different wall surfaces in an acoustically 
treated room. 

The junior author takes this opportunity to 
thank Dr. P. H. Geiger and the Department of 
Engineering Research for the use of several 
valuable pieces of equipment. 
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A Low Frequency Horn of Small Dimensions 





VOLUME 13 


PauL W. KLIpscH 
Houston, Texas 


(Received August 7, 1941) 


A new loudspeaker horn is described. It is a low fre- 
quency horn so folded as to utilize wall and floor reflections 
to improve the impedance match at the mouth. When 
operated in a room corner, the speaker is capable of 
reproducing sounds of wave-lengths over 8 times the actual 
apparatus dimensions with efficiency and smoothness of 
response comparable to theater ‘“‘woofers’’ of several times 
the size of the device described. Since its size is approxi- 
mately that of a console radio, it is applicable to living 
room use. Because of its high efficiency, its use for small 
theaters and recreation centers is indicated. With suitable 
modifications for one or more larger size driving units, 
it would be capable of delivering the large amounts of 
power required for large theaters. Units may be stacked 
or clustered for outdoor use. With a frequency range of 
40 to 400 cycles it is capable of fine quality when used with 


a suitable high frequency unit, and since the high fre- 
quency unit needs to deliver power only down to 400 
cycles it may be made quite small. The loading due to 
the horn offers a high real component of impedance for 
the diaphragm to work against, resulting in low diaphragm 
excursion and consequently the generation of negligible 
harmonic components compared with what would be 
generated by the same driving unit delivering the same 
sound output from a flat baffle. Motional impedance 
measurements show that the efficiency is good down to 
40 cycles. The use of the corner, which is ordinarily waste 
space, and the arrangement of side baffles so that they, 
together with the room walls, form the terminal section 
of horn, results in a simple compact structure and a con- 
siderable saving in material. In spite of the small size 
there is no sacrifice in quality. 





INTRODUCTION 


ANY schemes for utilizing the higher 

acoustical impedance existing in a room 
corner have been devised. Kellogg,! Stone,? Weil,’ 
Ephraim,‘ Sandeman® and Horace-Hulme® are 
representative of the early art. Very recently 
there has been announced’ a bass-reflex enclosure 
designed to fit in a corner. 

The present development offers a horn type 
reproducer of dimensions which are smaller 
compared to the longest wave-length to be 
reproduced than has heretofore been possible. 

The advantages of the horn are well known. 
Compared to the direct radiator operating in a 
flat baffle, the efficiency of the horn is 10 to 50 
times higher, and the acoustic loading due to the 
horn permits a given sound power to be generated 
with much smaller diaphragm excursions, a 
factor which greatly reduces harmonic distor- 
tion. Well-designed horns are capable of very 
uniform frequency response. The power handling 
capacity is high. 

In the past, however, horns for reproducing 
low frequencies have been very bulky. A typical 


'E. W. Kellogg, J. Acous. Soc. Am. 3, 54 (1931). 
? Stone, U.S. Patent 1,819,721 (1931). 

* Weil, U. S. Patent 1,820,996 (1931). 

‘Ephraim, U. S. Patent 1,962,300 (1934). 

> Sandeman, U. S. Patent 1,984,550 (1934). 

* Horace-Hulme British patent, 342,369 (1931). 

’ Electronics, p. 99 (May, 1941). 
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theater “‘woofer” occupies a space nearly 4X4X8 
ft. 

Figure 1 shows a horn unit adapted to fit in a 
corner. With a frequency response down to 40 





Fic. 1. Cut-away oblique view of the new horn speaker 
arranged to take advantage of the high room-corner 
acoustical impedance. 
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Fic. 2. Sectional view from the top of the new horn. 


cycles, corresponding to a wave-length of 340 
inches, comparable to the performance of the 
typical theater woofer, this unit measures only 
39 inches high, about the same width across the 
“wings” and only 28 inches deep from front panel 
back to the corner. The cabinet size is comparable 
with radio consoles and is entirely suitable for use 
in homes. The power handling capacity is such 
as to make it adaptable for use in community 
centers, little theaters and medium size recreation 
halls. By suitable modification, power handling 
capacity for large theaters may be attained. 

To reproduce this wave-length with the same 
degree of smoothness of throat impedance and 
the same efficiency, a conventional horn in free 
space would require a mouth area of about 4500 
square inches. If operated close to a floor or wall, 
2300 square inches would be required corre- 
sponding to a circular mouth 53 inches in 
diameter. The horn length required to match a 
15-inch diaphragm would be over 80 inches. The 
horn of Fig. 1 has an actual mouth opening of 
570 square inches and a horn length of approxi- 
mately 40 inches representing a saving in volume 
of over 75 percent and a corresponding saving in 
material for its construction. A further saving in 
material results from using the room walls for 
part of the horn structure. 


DESCRIPTION 


Figures 2, 3, and 4 show the construction of 
the unit. Figure 2 is a sectional view showing 


KLIPSCH 


how the unit is nested into the room corner, and 
also the arrangement of side baffles, front panel, 
and driving unit. The side baffles are arranged at 
such an angle that they, together with the room 
walls, floor, and cover plate, form the final horn 
section. Radiation into 2/2 solid angle (due to 
the reflections from the walls and floor) make the 
required mouth area only } as great as would be 
required for radiation into 27 solid angle where 
only the floor is used as a reflector. 

Figure 3 is a vertical section through B-B of 
Fig. 2 and shows the air passages from the 
diaphragm to the rear of the horn cabinet. The 
driving unit and an air chamber behind the 
diaphragm are illustrated. Figure 2 is the section 
A-A of Fig. 3. 

Figure 4 is a section through C-—C of Fig. 3 and 
shows the throat opening from the diaphragm 
and the first diverging set of baffles. 


MULTIPLE FLARE 


The design illustrated is for a 12-inch driving 
unit. The frequency range is from 40 to 400 
cycles. For good diaphragm loading at 400 cycles 
a throat area of about 50 square inches is about 
right for a 10.5-inch diameter diaphragm and a 
moving system weighing between 14 and 18 
grams. Such a small throat imposes an unneces- 
sarily high load at the lower frequencies. Con- 
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Fic. 3. Sectional view from the side. 
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A LOW FREQUENCY 


sequently, the initial taper is such that the horn 
area doubles in a length of about 8 inches, cor- 
responding to a cut-off of 100 cycles. The 
remainder of the horn flares at such a rate that 
the area doubles every 16 inches so that the 
nominal cut-off is 47 cycles. This results in a 
“eubber throat’”’ the area of which is about 100 
square inches up to 100 cycles and decreases with 
frequency until at 400 cycles the effective throat 
area is 50 square inches. Except that the initial 
taper is conical, this idea is roughly the same as 
that offered by Olson,* and roughly the same 
results may be predicted. 


Arr CHAMBER BETWEEN CONE AND THROAT 


To overcome the positive reactance imposed at 
the higher frequencies (200 to 400 cycles) by the 
multiple taper, a negative reactance is introduced 
by the air chamber of about 250 cubic inches 
between the diaphragm and the throat. This air 
chamber is shorter than § wave-length at 400 


cycles. 
AtrR CHAMBER BEHIND CONE 


The air chamber behind the diaphragm is 
designed to offset the mass reactance of the 
throat impedance at low frequencies. 

To offset exactly the throat reactance of an 
infinite horn, the air chamber behind the dia- 
phragm should have a volume 2.9 times the 
throat area multiplied by the length of horn 
within which the area doubles. This is readily 
shown as follows. 

The air chamber reactance in mechanical ohms 
on the diaphragm is 


1/wCu=Ap’*pc?/wV. (1) 
The throat reactance at cut-off, in mechanical 
ohms on the diaphragm is 
Xr = pcAp?, A T; (2) 
where Ap=diaphragm area; Ar=throat area; 
w=angular velocity at cut-off = 2zf where f is the 
frequency; V=volume of air chamber; p=den- 
sity of air; c=velocity of sound. 
To make the two reactances equal, Eqs. (1) 
and (2) must be equal. Thus, 


V=Arc/w. (3) 





* H. F. Olson, ‘‘A horn consisting of manifold exponential 
sections,” J. Soc. Mot. Pict. Eng. 30, 551 (1938). 
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Fic. 4. Sec- 
tional view from 
the front. 





The length of horn within which the area 
doubles is! 


1=\/18.1=c/18.1f=24c/18.10, (4) 


where X is the longest wave-length to be trans- 
mitted, and f is the lowest frequency. 
Thus, 


V=Ar-c-(18.1/2mc) +1 
= (18.1/2r)A pl =2.9A rl. (5) 


In the present design, /=16 inches, Ar=100 
square inches, so for the infinite horn, V =4600 
cubic inches. 

In a finite horn, the throat reactance fluctuates 
about a value equal to the reactance of a negative 
capacitance. The initial peak is so large that 
theory indicates the air-chamber capacitive re- 
actance for the finite horn should be higher than 
for the infinite horn. Apparently, the reactance 
can be from 1.5 to 2 times as great for a horn of 
the length being considered as for the infinite 
horn. 

The diaphragm suspension stiffness contributes 
some to the total, but in the examples tried with 
12-inch speakers this constitutes only 15 percent 
to 25 percent of the stiffness of the enclosure. 

Approximately 3000 to 3500 cubic inches is a 
satisfactory value for the 100 square inch throat. 
A volume of 2600 cubic inches proved satis- 
factory in an experimental model with a 70 
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Fic. 5. Computed impedances for the new horn. Solid 
curve, resistive component of throat impedance. Dotted 
curve, reactive component of throat impedance. Dashed 
curve, combined effects of stiffness of the back-of-cone air 
chamber and the mass reactance of the moving system. 


square inch throat and the same taper. In the 
design shown the gross volume is about 3900 
cubic inches, of which about 600 cubic inches are 
taken up by the driving unit, its mounting, and 
the front air chamber. 

Since the average distance from the cone to 
the air chamber surfaces is about equal to a 
quarter wave-length at 400 cycles (8.5 inches), the 
first air chamber resonance occurs at this fre- 
quency. At resonance the resistive and reactive 
load on the back of the cone will be very low. For 
frequencies below 400 cycles the reactance will 
be capacitive, and below about 100 cycles will 
differ inappreciably from the value computed 
from Eq. (1). 

MoutTu 


The mouth size selected is 570 square inches. 
This corresponds to an equivalent mouth of 2280 
square inches radiating into 27 solid angle. This 
condition exists when the horn mouth is fitted 
with a flange or is operated close to a wall or 
floor. 

The horn performance may be computed on 
the basis of one having an actual mouth area 
equal to the 2280 square inch equivalent mouth 
and a length equal to the actual length. This 
results in the computed throat impedance being 
- that of a throat of 4 times the actual throat area. 
The mechanical impedance on the actual dia- 
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phragm may be found by multiplying this 
computed mechanical impedance value by 4, 
Calling the mouth area 570 square inches is con- 
servative, as that is the horn area at the forward 
edges of the non-parallel side baffles. The addi- 
tional taper due to the parallel side portions will 
undoubtedly reduce the magnitude of the first 
peak in the throat impedance curve below the 
computed value. 

For an equivalent 100-cycle horn, the mouth 
area would be (47/100)?X2280=500 square 
inches, the area of a 25-inch diameter circle. 
Olson® has worked out throat impedance curves 
for various mouth sizes. This 25-inch mouth is 
intermediate the 20- and 30-inch mouth sizes, the 
performances of which are shown in his figures 
5.5b and 5.5c, and the horn length corresponds 
roughly with his Fig. 5.6d. Thus the impedance 
curve may be expected to be somewhat smoother 
than that shown in his Fig. 5.6d due to the 25 
percent larger diameter mouth. A few points were 
computed and this seems to be the case. The im- 
pedance was computed to 200 cycles, and the 
effect of the multiple taper beyond this frequency 
was estimated on a basis of Olson’s work on 
multiple flare horns.* The results are shown in 
Fig. 5. The solid curve is the resistive component 
of the throat impedance in mechanical ohms on 
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Fic. 6. The load on the diaphragm due to the combined 
effects of the horn, the mass reactance of the moving sys- 
tem, and the front and back air chambers. Solid curve, 
resistive component. Dotted curve, reactive component. 


9H. F. Olson, RCA Review 1, No. 4, pp. 68 (1937) ; Also 
Elements of : Acoustical | Engineering (Van Nostrand, 1940), 
Fizs.'5.5; 56; 5.7, 58 
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the diaphragm. The dotted curve is the reactance 
in the same units. The dashed curve is the com- 
bined mechanical reactance of the diaphragm 
mass and the behind-the-cone air chamber. 

The effect of the air chamber between the 
throat and the cone can be computed from the 
equivalent circuit. The combined effect of these 
factors is plotted in Fig. 6, in which the solid 
curve is the resistive component and the dotted 
curve is the total reactive component of the load 
on the diaphragm in mechanical ohms. The 
reactive component includes the horn throat 
reactance, the cone mass reactance and the effect 
of both front and back air chambers. 

The motional impedance for a driving unit 
with a product of flux density square times voice 
coil mass of 550X10° and a voice coil resistance 
of 6.5 ohms is plotted in Fig. 7. This impedance 
is simply 

BrP xX 10- ° ‘SM, 


where for a 6.5-ohm coil, B?? is 22510" and zy 
is the impedance from Fig. 6. The efficiency 
computed from this is shown in Fig. 8. The 
efficiency used is that of Eq. (6) given later in 
this paper, and takes into account the losses in 
the driving amplifier. The driving source im- 
pedance is 6 ohms. 


EXPERIMENTAL RESULTS 


Figure 9 shows the results of motional im- 
pedance measurements which were made on an 
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Fic. 7. Motional impedance at the voice coil computed 


from the curves of Fig. 6 for a driving unit with a B/ 
product of 15 x 10° gauss-centimeters. Solid curve, resistive 


component. Dotted curve, reactive component. 
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Fic. 8. Computed absolute efficiency, including con- 
sideration of the driving source impedance, based on 
computed motional impedance of Fig. 7. Voice coil resist- 
ance 6.5 ohms. Power source impedance, 6 ohms. 


experimental model. This model was constructed 
along the general lines just described but differed 
somewhat in the more complicated and less 
efficient folding (from the standpoint of con- 
servation of space), and in that the back-of-cone 
enclosure consisted of a box bolted to the front 
of the cabinet. The construction of this rather 
awkward affair is shown in Fig. 10. 

The experimental model is inferior in many 
respects to the design described earlier in the 
paper. Orders to report for active military duty 
preclude a thorough investigation of the new 
design. From the computed and experimental 
results on the experimental model about to be 
described and from the computed performance of 
the new design, it may be safely predicted that 
the actual performance of the new design will be 
better than for the experimental model. 

The “blocked” impedance measurement was 
obtained by turning off the field supply. The 
differences between the pairs of curves give the 
motional resistance and reactance. There may be 
some question as to the accuracy of such a 
‘‘blocked”’ impedance measurement, but, since 
the flux from the voice coil has to traverse the 
air gap twice, it seems that the saturation would 
have little effect on the static voice coil im- 
pedance, especially at frequencies below 1000 
cycles.* 


* That the diaphragm motion is negligible is amply 
demonstrated by the fact that the field-off curves of Fig. 9 
are smooth and vary only to the extent of showing the 
effects of self-inductance. 
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Fic. 9. Measured voice coil impedance of a driving unit 
operating in an experimental horn. Solid curves, resistive 
component. Dotted curves, reactive component. The 
blocked impedance, or no-motion condition, was obtained 
by turning off the field supply resulting in curves marked 
“field off.’’ The differences between the normal and “‘field- 
off’’ curves give the motional resistance and reactance. 


The horn was constructed with a single flare 
instead of a multiple flare from a throat of about 
70 square inches to a mouth of 800 square inches. 
The air chamber between the diaphragm and 
throat was more or less indeterminate as the 
driving unit was reversed and the field mecha- 
nism occupied part of the air chamber and throat. 
This, together with complicated folding and the 
fact that the throat was too large, probably 
accounts for the low impedance beyond 200 
cycles. The side panels were quarter-inch ply- 
wood and were not adequately braced; their 
vibration may account for some of the irregu- 
larities from 80 cycles up. 

The driving unit was a Jensen 12A with a 
resonant frequency in free space of 63 cycles. 
The measured stiffness of suspension when new 
was approximately 3300 grams per centimeter. 
The force factor, Bl, or flux density times active 
length of voice-coil conductor was measured and 
found to be 15X10*. The voice coil resistance 
was 6.5 ohms. 

From these factors and from horn theory, 
taking into account the mass reactance of the 
moving system, the suspension and back-of-cone 
air chamber compliance, and the horn throat 
_ impedance calculated from the dimensions, the 
motional impedance was computed. 

The computed resistive component of the 
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motional impedance is plotted (solid curve) jp 
Fig. 11, together with the measured resistive 
component (dotted curve). 

The measured curve indicates better low fre. 
quency performance than the computed curve. 
While there is only a fair agreement between the 
two curves, it is believed that the discrepancies 
are explainable. First, the horn theory must be 
in considerable error in the immediate vicinity of 
cut-off.!° Second, vibration of the thin side 
baffles can readily cause the peaks and hollows 
above 80 cycles. Third, the air chamber between 
throat and cone was of complicated shape and 
the estimated volume may have been in con- 
siderable error, giving rise to error in the com- 
puted impedance above 200 cycles. 

The cut-off of the horn is 47 cycles and the 
computations show poor performance below 55 
cycles. But the measurements and critical listen- 
ing tests show good performance down to 40 
cycles. 

The peaks in impedance above 80 cycles 
probably do not indicate increased efficiency but 
rather increased losses due to mechanical vibra- 
tion of the thin side baffles. 

In spite of the rough appearance of the 
measured impedance curve, listening tests with 
an oscillator showed no pronounced peaks or 
hollows below 350 cycles, and none at all below 
200 cycles. 

For some time this experimental model was 
operated without the back-of-cone enclosure. In 
fact, it had originally been intended to derive the 
high frequencies from the side of the cone facing 
away from the horn in the manner of Olson and 
Hackley."! However, the low efficiency in the 
range wherein the speaker was not loaded pre- 
cluded satisfactory performance and a_ high 
frequency unit to cover the range from 400 cycles 
up was added, and a cross-over network used to 
allocate the electrical power to this two-way 
system. 

Theory indicated that a cone enclosure should 
improve the performance below 80 cycles but the 
first box tried decreased the resistive component 
of motional impedance from one ohm to } ohm 
at 50 cycles. By tightly sealing the box to the 


Acoustics (Van Nostrand, 1930), 





0 Stewart and Lindsay, 
pp. 146. 

1tOlson and Hackley ‘Combination horn and direct 
radiator loudspeaker,” Proc. I. R. E. 1557 (1936). 
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cabinet with sponge rubber, the motional resist- 
ance was increased to 5 ohms, and the improved 
efficiency was distinctly noticeable on symphonic 
music. A better driving unit made a still further 
improvement as indicated by the impedance at 
50 cycles being raised to 10 ohms (Fig. 10). A 
small leak in this air chamber can introduce a 
large resistance and positive reactance. If the 
leak is large enough the enclosure may act as an 
inertance instead of an acoustic capacitance. 
This could have been predicted from theory. 


EFFICIENCY 


The “‘over-all efficiency,” taking into account 
the internal generator impedance (plate im- 
pedance reflected through the transformer), is” 


v=4rgentem/|Zer|?, (6) 


where |Zer| is the absolute value of the total 
impedance of generator and load; rzm is the 
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Fic. 10. Construction of the experimental model; the 
driving unit is reversed with the rear of the cone facing the 
horn throat, and the front of the cone closed off by an air 
chamber of size suitable to offset the reactive component of 
throat impedance. Comparison with Fig. 1 shows the 
simpler, cleaner construction of the new design in which the 
air chambers are both behind the front panel. 


2 L.G. Bostwick, J. Acous. Soc. Am. 2, 243 (1930). This 
Eq. (6) corresponds to that given by Bostwick on p. 
247 of the reference. 
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Fic. 11. Comparison of computed and measured motional 
impedance of the experimental model; it will be noted that 
the experimental curve shows performance down to lower 
frequencies than the computed curve and the measured 
impedance varies between narrower limits than the 
computed values. Solid curve, computed resistive com- 
ponent of motional impedance. Dotted curve, measured 
resistive component of motional impedance. 


resistive component of the motional impedance, 
and fgen is the reflected impedance of the 
generator. 

Equation (6) comes close to defining the ‘‘ab- 
solute efficiency’’ according to the I.R.E. 
Standards. It should be quite accurate for horn 
loudspeakers where the horn loading is large and 
the mechanical losses are relatively small com- 
pared to the acoustic output. 

Using this criterion for efficiency, and assuming 
a generator impedance of 6 ohms (approximately 
half the voice coil impedance) the efficiency at 
45 cycles is about 45 percent and at 70 cycles is 
about 35 percent. Between 45 and 200 cycles the 
efficiency stays pretty well within these limits. 
By more careful construction of the throat it is 
believed that efficiency between 30 percent and 
45 percent may be maintained out to 400 cycles. 
This represents less than 3-db variation, and a 
sound output 10 to 15 db higher than the same 
driving unit working in a flat baffle or simple 
cabinet enclosure. 


LISTENING TESTS 


The experimental model has been in use for 
some time in the writer’s living room. The fre- 
quencies above 400 cycles are reproduced by a 
Western Electric 555 W receiver working into a 
small wooden horn of 19” length with an 8” by 
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15’’ mouth. A cross-over network allocates the 
amplifier output to the two speakers. 

Listening tests on radio programs and phono- 
graph records show a definite improvement over 
more conventional speakers. Guests are inclined 
to compare the performance with their recol- 
lections of original renditions rather than with 
other reproducing systems. 


THE NEW DESIGN 


The new design (Figs. 1 to 4), overcomes the 
disadvantages of the experimental model. The 
air chamber is concealed, the side panels as well 
as the front and interior baffles are well braced, 
and these are to be made out of half-inch material 
instead of quarter-inch. Flare rates, throat size, 
and air chamber sizes are properly coordinated 
so as to give uniform response throughout the 
40- to 400-cycle range. 


POSSIBLE VARIATIONS 


The described ‘‘woofer’’ has a large power 
handling capacity. This may be further increased 
by the use of a larger driving unit, or a plurality 
of driving units. The front throat baffles may be 
rearranged for a simple flare rate working out of 
a larger cone, in which case the air chamber 
between the cone and throat may be eliminated. 
A pair of driving units may be employed, pre- 
ferably facing rearwardly and possibly mounted 
directly on the sloping air chamber baffles. 

For large scale sound reproduction a pair of 
horns may be stacked in a corner, or arranged 
side by side against a wall eliminating the 
restriction of using the corner. Some space ad- 
vantages of such arrangement appear to exist 
over the conventional theater units. 

For radiation into 27 or 47 solid angle, a 
cluster of such units would occupy less space 
than other units of comparable efficiency now 
available. 

While the purpose has been to provide a unit 
capable of high quality reproduction, this type 
structure may be used advantageously for an 
announcing system. By reducing all the dimen- 
sions by a factor of, say 3, the low frequency 
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cut-off would be about 140 cycles. The use of a 
small but powerful 6” speaker with a light 
suspended system, say about 4 grams, would 
permit a throat size of about 3 square inches for 
reproduction out to 2000 cycles. By using a cone 
with suitable corrugations, fair response may be 
attainable with a still larger throat. The scale 
reduction of the 50 sq. inch throat by a linear 
factor of 3 reduces the area by the factor } 
giving a throat of around 53 square inches. Such 
an arrangement should give good efficiency over 
the range required for passable articulation. The 
folding is such that inappreciable losses would 
occur from this factor. Thus a single unit could 
be designed to cover speech frequencies and the 
space requirement would be about the same asa 
table model radio, but the efficiency would be of 
the order of 25 percent to 50 percent compared 
to the 1 percent to 3 percent attainable with a 
direct radiator. Such a unit should find wide 
application in hotels, parking lots, bus stations, 
and other locations where a call system of high 
power but only passable fidelity is required. 

For the broadcast listener whose favorite 
programs consist of symphonic music, the full 
size horn, used with a suitable high frequency 
speaker provides a frequency response and 
power handling capacity that is not now avail- 
able in a system of comparable size. 

With a good pick-up and quiet turntable, 
phonograph records may be reproduced with 
full depth in the bass, and the brilliance is 
limited only by the high frequency speaker used 
and the quality of the records. The size of low 
frequency horn together with the high frequency 
speaker is only slightly larger than an average 
size radio console, so the high quality perform- 
ance entails no sacrifice in space. 

For the little theater, where stage space is at 
a premium, the high quality, high power and 
small space requirement make it ideally suited. 
And for very high power installations, the use of 
several small units would entail smaller space 
requirements and greater facility of installation. 
Binaural systems and spaced multiple speaker 
arrangements can be worked out with full 
frequency range and high power output in each 
of the compact speaker units. 
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Harmonic Relations in the Partials of Organ Pipes and of Vibrating Strings 


A. W. NOLLE Anp C. P. BONER 
University of Texas, Austin, Texas 
(Received August 1, 1941) 


INTRODUCTION 


N uncertainty exists among those who have 
A considered organ pipes from a theoretical 
standpoint as to whether the partials present in 
the steady-state tone of open flue organ pipes are 
harmonic. This uncertainty owes its existence to 
the fact that the mechanism of sound mainte- 
nance in the flue organ pipe has never been 
completely explained. According to one view, 
which apparently originated with Helmholtz,! 
the pipe is regarded as a resonator driven by an 
oscillating wind-sheet. The motion of the wind- 
sheet is supposed to be periodic but complex, so 
that a large number of Fourier components are 
present in its vibration. Thus the driving mecha- 
nism (the wind-sheet) furnishes a fundamental 
tone together with a great number of exactly 
harmonic partials. A given harmonic is supposed 
to be present in large amplitude in the tone 
radiated by the pipe if the frequency of the 
harmonic corresponds to a resonant frequency of 
the pipe. Thus the spectrum of the pipe is to 
contain only harmonic partials, whether or not 
the resonant frequencies of the pipe are in har- 
monic ratios. A considerable number of investi- 
gators appear to have accepted this view in 
substance.2-?7 But such a viewpoint is not uni- 
versal. Benton,’ in an article in which he shows 
that the resonant frequencies for the tube of a 
chimney flute are not harmonic except under 
special conditions, clearly intimates that this 
result means that the listener will in general hear 
an aggregate of inharmonic partials in the tone 


1H. L. F. Helmholtz, Sensations of Tone. Alexander D. 
Ellis, translator (London, 1875). 

*S.H. Anderson and F. C. Ostensen, ‘‘Effect of frequency 
on end correction,” Phys. Rev. 31, 267 (1928). 
1." H. Barton,:A Text-Book of Sound (London, 
rm |e Jeans, Science and Music (Macmillan, New York, 

®Horace Lamb, The Dynamical Theory of Sound, 
(London, 1925), second edition. 

°V. Lough, ‘‘Beating tones of overblown organ pipes,”’ 
Phil. Mag. 43, 72 (1922). 

7 Lord Rayleigh, The Theory of Sound (London, 1894). 

*W. E. Benton, Nature 114, 573 (1924). 


produced by blowing the pipe. Morse® finds the 
resonance curve for an open tube driven by a 
piston. (The particular tube considered has the 
ratio of length to diameter equal to 2.) The 
resonant frequencies do not form a harmonic 
series. Morse says in regard to the use of this 
tube in a flue organ pipe: “If a vibrating jet of 
air, having all frequencies present in its vibra- 
tions, is substituted for the piston (as in an organ 
pipe) frequencies corresponding to the lowest 
three or four resonance frequencies of the tube 
will be picked out and strongly reinforced.” The 
“lowest three or four resonance frequencies” are 
mentioned because the resonance curve for such a 
wide tube is not sharp for higher modes. If the 
excitation of the organ pipe is thus in the nature 
of a continuous spectrum, the possibility of 
inharmonic partials is not excluded. 

The investigation reported in this paper was 
designed to determine experimentally, with high 
accuracy, whether the partials of open flue organ 
pipes and also of other types of organ pipes are 
harmonic. It was also thought worth while to 
investigate the relations between the partials of a 
vibrating string in the case of free vibrations 
(transient state) and in the case of forced vibra- 
tions (steady state). Morse? has shown ana- 
lytically that the partials of a freely vibrating 
string should be inharmonic under any of the 
following conditions: (1) non-rigid supports; 
(2) non-uniform mass distribution; (3) finite 
damping; (4) finite stiffness. 


I. INVESTIGATION OF THE PARTIALS OF 
ORGAN PIPES 


Three methods were used to investigate the 
harmonic relationship of organ pipe partials. The 
first involved direct comparison between the 
frequencies of the partials produced by a single 
pipe. The second and third methods involved 
comparison with other sources. It should be noted 


® Philip M. Morse, Vibration and Sound (McGraw-Hill, 
New York, 1936). 


145 





146 A. 


that the organ pipes investigated here were in 
normal speech (not overblown). 


Method 1 


The tone produced by a single organ pipe was 
received by a microphone. The microphone 
amplifier was terminated in two electric wave 
filters, one of which was a 500-cycle low-pass 
filter. The output of this filter was amplified and 
conducted to the horizontal deflecting plates of a 
cathode-ray oscilloscope. The second filter was a 
1000-cycle band-pass filter. Its output was 
applied to the vertical deflecting plates of the 
oscilloscope. When an organ pipe with a 500- 
cycle fundamental was sounded near the micro- 
phone, the familiar Lissajous figure for a two-to- 
one frequency ratio appeared on the screen of the 
oscilloscope. This figure was studied for diapasons, 
an open flute, a string, and reed pipes. In all 
cases it was found that the epoch angle of the 
figure showed no progressive shift during the 
period of observation, which was several minutes 
in each case. The epoch angle sometimes changed 
slightly in one direction, only to reverse itself and 
progress toward the original state. In the case of a 
vox humana pipe it was found that the amplitude 
instability of the pipe was such that the figure 
seldom retraced itself exactly, but even in this 
case there was no progressive change in the epoch 
angle. 

When a pipe having its fundamental at 333 
cycles was studied with this apparatus, the first 
and third partials were passed by the filters and a 
three-to-one Lissajous figure appeared on the 
screen. Again there was no progressive change in 
the epoch angle. When a pipe having its funda- 
mental at 250 cycles was investigated with the 
same apparatus, the horizontal deflecting plates 
of the oscilloscope were affected by both the first 
and second partials, and the vertical deflecting 
plates by the fourth partial. The more complex 
figure observed in this case also showed no 
progressive change in the epoch angles. 

From the foregoing phase of the investigation 
it is reasonable (a) to conclude that at least the 
first, second, third and fourth partials of the 
pipes studied are harmonic, and (b) to view the 
slight random fluctuations in epoch angles as due 
to slight fluctuations in wind pressure, tempera- 
ture, etc., which are not easily avoided. 
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The construction of band-pass filters suff- 
ciently sharp to extend this method to the study 
of higher partials presents considerable difficulty. 
For this reason, recourse was had to the second 
and third methods, described below, in order to 
study higher partials. 


Method 2 


Two organ pipes were sounded near the same 
microphone. The signal from the microphone was 
amplified by a low-distortion amplifier and ap- 
plied to two General Radio wave analyzers con- 
nected in parallel. The pipes were tuned in unison 
as closely as possible by the usual tuning adjust- 
ments provided on the pipes, and finer tuning was 
obtained by mounting a cardboard disk on the 
end of a long rod in front of the mouth of one of 
the pipes in such a way that the distance of the 
disk from the mouth of the pipe could be ad- 
justed. This afforded a most satisfactory tuning 
vernier. One of the analyzers was set at the 
frequency of some arbitrarily selected higher 
partial of the pipes and the pipe tuning vernier 
was employed to tune this partial to zero beat. 
Simultaneously the beating of some other partial 
of the two pipes was observed on the other 
analyzer. Various partials through the eighth 
were observed. All pipes had a 500-cycle funda- 
mental. It was found that whenever a given 
partial was adjusted to zero beat, any other 
partial being observed at the time was also ina 
state of zero beat, as nearly as could be deter- 
mined in the presence of appreciable amplitude 
fluctuations which are generally characteristic of 
the speech of organ pipes. This state of affairs 
was found to exist even when two dissimilar 
pipes, such as a diapason and a string pipe of 
much smaller scale, were tuned together. From this 
phase of the investigation one may conclude either 
that the partials of organ pipes are generally 
harmonic, or that the departure from harmonicity 
is the same in pipes of widely different structure. 
The latter conclusion is hardly tenable. 

Objection may be brought against the second 
method on the grounds that the presence of the 
two pipes in the same room might affect the 
relations between the partials by ‘frequency 
pulling,’’ which has been discussed by Seiberth."® 





10 H. Seiberth, “‘Frequency pulling in acoustics,’ Hoch: 
tech. u. Elek: akus. 45, 145 (1935). 





suffi- 
tudy 
ulty. 
cond 
>r to 


same 
Was 
| ap- 
con- 
lison 
just- 
¥ was 
1 the 
ne of 
f the 
> ad- 
ining 
t the 
igher 
rnier 
beat. 
artial 
other 
ighth 
inda- 
given 
other 
dina 
leter- 
litude 
tic of 
ffairs 
milar 
pe of 
m this 
either 
erally 
nicity 
cture. 


econd 
of the 
‘t the 
uency 
orth.!° 


Hoch: 


eS RR 
ES 


A CC IT 
oon 


HARMONICS 


Even though the pipes used here were separated 
by as much as fifteen feet and placed on inde- 
pendent wind supplies, effects which appeared to 
be due to coupling were found when the pipes 
were tuned nearly in unison. It was observed that 
the amplitude of the beats between the pairs of 
upper partials suddenly increased once during 
each beat cycle of the fundamentals. To obviate 
the objection to the second method on the 
grounds of frequency pulling and to make the 
fluctuations in speech of the pipes of less conse- 
quence, the third method was employed. 


Method 3 


The apparatus used for the third method was 
the same as for the second, except that only one 
organ pipe was sounded at a time and that the 
electric signal from a relaxation oscillator was 
also supplied to the analyzers. The relaxation 
oscillator was one designed for a cathode-ray 
sweep circuit, and was “locked in” with a 
standard 1000-cycle signal obtained from a multi- 
vibrator controlled by a very constant crystal 
oscillator. The relaxation oscillator was adjusted 
so that its fundamental frequency was either 250 
or 500 cycles, according to the fundamental fre- 
quency of the pipe used. The pipe was tuned by 
the same means as before so that some arbitrarily 
chosen partial of the pipe came to zero beat with 
the corresponding harmonic of the relaxation 
oscillator, as determined by using one of the 
wave analyzers. Simultaneously the other ana- 
lyzer was set to receive some other partial. It was 
found that when the needle became steady on one 
analyzer, tuned to a particular partial, the needle 
of the other analyzer, set on any other partial, 
also became steady. Fluctuations in pipe speech 
were not as serious an annoyance as in method 2, 
because only one pipe was involved. In general, it 
was possible to observe a zero beat of one of the 
higher partials of a flue pipe only momentarily, 
because of slight, apparently random changes in 
frequency of the pipe from time to time. When an 
organ trumpet was used and tuned by bringing 
the cardboard disk near the end of the resonator, 
it was possible to observe zero beat sometimes for 
several seconds as a result of the greater stability 
of this particular pipe. Partials through the tenth 
were studied, and showed consistent behavior. 
Both flue and reed pipes of various sorts were 
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studied. The flues included the extremes of a 
string pipe and a diapason of extremely large 
scale (30 scale; ratio of diameter to length, 0.17). 
Also among the flue pipes studied here were a 
stopped flute and a gemshorn (pipe with conical 
resonator tapered toward the open end). A 
chimney flute, the partials of which Benton found 
might be inharmonic, was also studied. In all 
cases the partials appeared to check exactly with 
the harmonics of the relaxation oscillator. The 
partials of the latter are generally regarded in 
electric circuit theory as being exactly harmonic. 
It follows that the partials of the pipes must be 
harmonic. 

A variation of this method was also tried. The 
pipe under investigation was brought almost in 
tune with the relaxation oscillator and the beats 
of the fundamentals were counted by swings of 
the needle of one of the analyzers. Beats of the 
higher partials were counted on the other 
analyzer. It was found that the mth partial 
executed » beats to each single beat for the 
fundamental. This again indicates that the par- 
tials of the pipes are harmonic if the partials of 
the relaxation oscillator are harmonic. However, 
the zero beat technique is more sensitive than the 
technique of counting beats. 


II. INVESTIGATION OF THE PARTIALS OF A 
VIBRATING STRING 


A steel wire was passed over two bridges, one of 
which was mounted on a sounding board, and 
maintained under tension by a weight acting on 
one end. The sound produced by this string was 
received by a microphone. The electric signal 
from the microphone amplifier was passed into 
the filter and oscilloscope system described in 
connection with method 1 of the organ pipe 
investigation. Thus various of the first four 
partials of the string were studied, according to 
the fundamental frequency to which it was 
tuned. 


A. The steady state 


Three methods of exciting the string in a steady 
state of vibration were employed: (1) The string 
was bowed with an ordinary horsehair bow. 
(2) The string was actuated along some short 
portion of its length by a telephone receiver 
magnet which was driven by an amplifier con- 
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nected to a beat-frequency audio-oscillator. Suffi- 
cient amplitude of vibration to permit satisfactory 
reception of sound by the microphone was 
obtained only when the oscillator frequency was 
adjusted to lie in the immediate neighborhood of 
a natural frequency of the string. (3) The string 
was actuated by the telephone receiver magnet 
employed in the previous method, but the signal 
supplied to the amplifier which energized the 
magnet was obtained from a separate microphone 
located near the string. The string, microphone, 
amplifier and driving magnet system then consti- 
tuted an electro-acoustic-mechanical oscillator. 
No progressive shift in the epoch angles between 
the partials was observed with any of these 
means of excitation. It was noticed that the 
manually bowed string was by no means a steady 
source of sound, and the figure produced by the 
oscilloscope in this case showed the same sort of 
random variations (mainly as to amplitude) as 
the figure due to an organ pipe having irregular 
speech, but the epoch angles between the partials 
showed no tendency toward systematic change. 
The epoch angles between the partials were 
critical as to the applied frequency when the 
telephone magnet was used as a driving agent, 
but remained constant as long as the frequency 
was constant. 

Therefore, within the limits of this short 
investigation of the vibrating string, at least the 
first four partials must be harmonic in the steady 
state. 
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B. The transient state 


Transient, or free vibrations of the string were 
produced by bowing the string and suddenly 
removing the bow, and by plucking the string, 
The transient partials were investigated during 
the period of perhaps two seconds in which their 
amplitudes were sufficiently great for study. The 
previously described oscilloscope method was 
employed. In general, the epoch angles between 
the partials studied (the first four) were found to 
vary rapidly during the transient state. The 
rapidity of variation depended upon the manner 
in which the string was plucked or bowed into 
vibration. It was even possible to pluck the string 
in such a way that the epoch angles were practi- 
cally constant during the transient state. It is to 
be noted that the string studied here possessed 
three attributes on the basis of which Morse’s 
work would predict inharmonic partials in the 
state of free vibration: (1) The bridges were not 
absolutely rigid; (2) the damping was appreci- 
able; (3) the string (a steel wire) had appreciable 
stiffness. 

The experimental work thus confirms the 
theoretically indicated possibility of inharmonic 
relations between the partials of a freely vibrating 
string. Further investigation of the freely vi- 
brating string is required to determine the detailed 
relations between the partials in this case and the 
dependence of these relations upon the manner in 
which the string is set into motion. 
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The Initial Transients of Organ Pipes 


A. W. NoLLeE AND C. P. BONER 
University of Texas, Austin, Texas 
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I. INTRODUCTION 


OST of the work concerning organ pipes 
which has appeared in the literature has 
dealt with the steady-state tones, although a 
notable exception to this statement is found in 
Trendelenburg’s oscillographic analysis! of the 
build-up of sound in several organ pipes. The 
importance of the initial transients of organ 
pipes is twofold. First, a knowledge of these 
transients may facilitate the theoretical explana- 
tion of sound production in organ pipes. Second, 
these initial transients seem to be important in 
determining the subjective character of pipe 
organ music and in differentiating between the 
subjective character of pipe organ music and of 
music produced by electronic instruments. 
While it is a comparatively simple matter to 
obtain oscillograms showing the build-up of 
sound in organ pipes, the complete interpretation 
of these oscillograms presents some difficulty. 
The usual methods of Fourier analysis do not 
apply to waves in which the amplitudes of the 
components are changing. Nor do these methods 
apply to waves which contain inharmonic par- 
tials, as do the oscillograms of the initial transients 
of organ pipes. Trendelenburg simplified the 
interpretation of his results to some extent by the 
use of band-pass filters with a band width of one 
octave. These filters permitted him to make 
separate oscillograms of the build-up of sound in 
successive one-octave portions of the audio- 
spectrum. The individual upper partials were not 
singled out by this method; moreover, it would 
entail an unreasonable amount of labor to con- 
struct filters which would completely separate 
the upper partials of a pipe having an arbitrary 
fundamental frequency. The octave filter method 
has the inherent disadvantage that the response 
time for an octave filter, according to Trendelen- 
burg, is equal to one period at the lowest fre- 
quency passed by the filter. 
In practice the initial transients of organ pipes 


‘PF. Trendelenburg, “Beginning of sound in organ 
pipes,” Zeits. f. tech. Physik 16, 12, 513 (1936). 


are of such a nature that the outstanding features 
of these transients may be ascertained by in- 
spection of an oscillogram made without filters. 
The present investigation was carried out by 
means of oscillograms made without filters. The 
object of this investigation was to study the 
initial transients of a wider variety of pipes than 
those reported on by Trendelenburg and to 
determine the effect of certain factors upon these 
transients. 


II. EXPERIMENTAL METHOD 


A microphone was placed a few inches from the 
mouth of the pipe under investigation. The 
microphone amplifier, which had a reasonably 
wide frequency range, was connected directly to 
the horizontal deflecting plates of a cathode-ray 
oscilloscope. The vertical plates were grounded. 
It was not deemed necessary at any point in this 
investigation to use a transient amplifier of 
special design, because the features of main 
interest in the transients did not involve sudden 
impulses. The luminous spot on the oscilloscope 
screen was photographed by means of a specially 
designed moving film camera; the motion of the 
film thus furnished the time sweep. The camera 
consisted of a 233-inch diameter wheel, which 
carried a strip of 35-mm film on its circumference, 
rotating in a light-tight box in one side of which 
was mounted an f/2 lens of 5-cm focal length. 
The wheel was driven by a synchronous motor 
fitted with a 60:1 reduction gear which gave 
a drive-shaft speed of 30 r.p.m. While belt and 
chain drive to the wheel were sometimes used, it 
was found that only direct coupling of the drive 
shaft to the wheel gave constant film speed. A 
film speed of 25.1 cm/sec. was used for a number 
of low frequency pipes; for other pipes a film 
speed of 94.95 cm/sec., which resulted from 
direct coupling of the wheel to the motor drive 
shaft, was used. The best trace on the film was 
obtained when positive film was used and de- 
veloped with Eastman D-82 developer. The 
cathode-ray tube used for most of the work had a 
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short-persistence screen which gave a blue spot. 
The pipe under investigation was made to sound 
by closing the electric circuit to a Reisner 
electro-pneumatic valve, except for several pipes 
which were investigated while in their normal 
positions in an organ. Each of these was made to 
sound by whatever chest action happened to be 
associated with the pipe in the organ, but in all 
cases the opening of the valve was electrically 
controlled. The electric circuit to the pipe valve 
was closed by a relay, actuated at a suitable time 
by a contact on the film wheel. The same relay 
also caused the spot to appear on the screen of the 
cathode-ray tube, by short-circuiting certain 
batteries in the focusing circuit. A second relay 
connected the batteries into the focusing circuit 
again just before the film wheel had completed 
one revolution, thus cutting off the cathode-ray 
spot before a double exposure could occur. The 
first relay was connected so that it could be 
actuated by the wheel contact only while a 
telegraph key was depressed. For some phases of 
the investigation, a neon light, located so as to 
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Fic. 1. Block diagram of apparatus. 
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produce a trace along the edge of the film, was 
connected in such a way that it would light when 
air reached the foot of the pipe and actuated a 
small leather pneumatic. Inspection of the 
oscillograms obtained under these conditions 
showed that the entrance of the wind into the 
pipe was generally accompanied by a slight 
initial pulse on the oscillogram; hence the neon 
indicator was considered superfluous in later 
work. Figure 1 is a block diagram of the 
apparatus. 

About half of the work was carried on indoors, 
It was found that oscillograms made for a given 
pipe sounding outdoors differed little from 
oscillograms made for the same pipe sounding 
indoors. The microphone was close to the mouth 
of the pipe in both cases. 


III. EXPERIMENTAL RESULTS 


Figure 2 exhibits some typical oscillograms 
showing the build-up of sound in a variety of 
organ pipes. No. 1 shows? the initial transient of a 
double open diapason, a wood pipe of pitch C,, 
whose steady state does not occur until some 0.7 
second after the entry of the wind. It is easily 
seen that this pipe sounds principally the second 
partial during the transient state, with the 
fundamental increasingly evident as the steady 
state approaches. No. 2 is the initial transient for 
a bourdon of pitch £;. Inspection of this oscillo- 
gram shows that the fifth partial predominates 
during the transient period, and that, as the 
steady state approaches, the fifth partial dimin- 
ishes while the first and third partials increase. A 
point to be borne in mind in examining oscillo- 
grams No. 1 and No. 2 is that the microphone 
response was down some 10 db at the funda- 
mental frequency of No. 2 and somewhat more at 
the fundamental frequency of No. 1. The final 
state in No. 2 occurs some 0.47 second after the 
entry of the wind, but the fundamental is 
noticeable about 0.08 second after the entry of 
the wind. No. 3 is the initial transient for a 


2 The blurring of oscillograms Nos. 1, 2, and 3 is due to 
the fact that these were made with a cathode-ray tube 
having a long persistence screen. 

’ The notation for pitch used here is that of Helmholtz. 
The idealized frequencies corresponding to the various 
‘“‘C’s’’ mentioned in this article are: Ci, 32 c.p.s.; C, 4 
c.p.s.; c, 128 c.p.s.; c’, 256 c.p.s.; c’’, 512 c.p.s. 
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Fic. 2. Typical oscillo- 
grams showing the build- 
up of sound in organ pipes. 
1 is a double open diapa- 
son, wood, pitch C). 2 isa 
bourdon, pitch F;. 3 is a 
salicional, pitch C. 4 is a 
tibia clausa, 5 a concert 
flute, 6 an open diapason 
(metal), and 7 a trumpet, 
all of pitch c’. It is doubt- 0 0.1 
ful that the trumpet was 
speaking with normal ra- 
pidity. The upper time 4. 
scale applies to 1, 2, and 
3: the lower time scale ap- 
plies to 4, 5, 6, and 7. 
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salicional of pitch C. The fundamental is evident 
in the first sound that can be observed, and there 
is considerable harmonic development from the 
outset. The steady state is reached in about 0.16 
second. Nos. 4, 5, 6, and 7 are all oscillograms for 
pipes of pitch c’ (middle c). No. 4 is a tibia clausa 
(stopped flute). The wave form in the transient 
state is irregular at the outset, but the funda- 
mental is predominant by the time the steady 
state is reached, some 0.05 second after the entry 
of the wind. No. 5 is a concert flute (open flute). 
The first sound is irregular. The first and third 
partials are observed distinctly later in the 
transient state. The steady state is reached about 
0.057 second after the entry of the wind. No. 6 is 
the transient for an open diapason of metal. The 
second partial predominates in the early part of 
the transient state; in addition there is some 
evidence of the fundamental and of higher 
partials. The fundamental is first clearly observed 
some 0.025 second after the entry of the wind. 
The steady state is reached some 0.05 second 


02 03 oF 


.0§ S€c, 


after the entry of the wind. No. 7 is a trumpet 
with a striking reed. For some reason this pipe 
did not start to speak as promptly as is usually 
the case with reeds, but it is seen that after the 
first vibration of appreciable amplitude only five 
cycles occur before the steady state. The time 
from the entry of the wind to the steady state is 
about 0.05 second. In these last four oscillograms 
the first pulse of sound in each case appears to be 
caused by the opening of the primary to the pipe 
valve. 

The foregoing discussion of the oscillograms of 
Fig. 2 serves to illustrate the method of interpre- 
tation of the oscillograms obtained in this in- 
vestigation. The interpretation is necessarily 
qualitative in large part. Table I presents data 
obtained for twenty-eight pipes belonging to 
various tone families and having pitches from C, 
to c’’. These are about half of the pipes observed 
in the course of this investigation. Some general 
remarks upon the results obtained for the various 
tone families will now be in order. 
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TABLE I. 
PRESSURE, 
INCHES OF PREDOMINANT WAVE ForM IN 
DESCRIPTION OF PIPE PITCH WATER TRANSIENT STATE 
Bourdon, 83 inches deep Ci 7 5th partial with some fundamental 
Open diapason, wood, 
143” deep Ci 2nd partial with some fundamental 
Diaphone B, 8 Similar to steady state; consider- 
able harmonic development 
Hohl flute (Stopped és Irregular, gradually progressing to 
flute final wave form 
Diapason phonon Cc 8 2nd partial; fundamental observed 
(Leathered lip; 44 before steady state 
scale) 
Salicional 8 Similar to steady state; consider- 
able harmonic development 
Trumpet 8 Similar to steady state; consider- 
able harmonic development 
Gedeckt (Stopped flute) c 142 Essentially 3rd partial, which is also 
(Overblown) | steady-state pitch at this pressure 
Philomela (Open flute) c 62 Essentially 3rd partial. (2nd partial 
(Overblown) predominates in steady state at this 
pressure) 
Diapason phonon c 10 2nd partial, fundamental entering 
(Leathered lip; 44 soon 
scale) 
Stentor diapason, 44 c 63 2nd partial with irregular higher 
scale frequencies 
Salicional c 10 Similar to steady 
state 
Tibia clausa (Stopped c 10 Irregular at first, progressing to 
flute) final wave form 
Rohr Gedeckt (Flute "" 33 5th partial superimposed on funda- 
with pierced stopper) mental 
Concert flute (Open ce 10 Fundamental with large third 
flute) partial 
Diapason phonon e 10 2nd partial with higher frequencies; 
(Leathered lip; 44 fundamental enters soon 
scale) 
Stentor diapason, 44 c’ 13 Irregular high pitched sound with 


scale 


Stentor diapason, 44 
Diapason, 46 scale 


Diapason, 30 scale 
Gemshorn (Conical 

resonator) 
Salicional 
Trumpet 


Vox humana 


Concert flute (Open 
flute) 

Diapason phonon 
(Leathered lips; 44 
scale) 

Stentor diapason, 44 

' scale 

Salicional 





(Underblown) 
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Wer goles 


10 
10 


10 
10 








gradual appearance of funda- 
mental; resembles transients of 
some open flutes 

Essentially 2nd partial 

2nd partial, quite closely sinusoidal 
with increasing amplitude 

2nd partial with some fundamental 
2nd partial; resembles diapason 
transient 

Similar to steady state 

Similar to steady state; relatively 
less fundamental 

Irregular sound of high pitch fol- 
lowed by regular vibration of fun- 
damental period 

Fundamental and sound of higher 
pitch 

2nd partial with considerable fun- 
damental 


2nd partial with fundamental en- 
tering soon 
Similar to steady state 
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The flute family 

The results obtained for the flutes tend to 
confirm the observation of Trendelenburg that 
the beginning of sound in flute stops is slow and 
uncertain. While certain high pressure flutes 
were found to be as rapid in reaching a steady 
state as were diapasons of the same pitch, most 
flutes were rather slow in speech and in general 
the flutes had an irregular wave form in the early 
stages of the transient state. The bourdons which 
were studied (all large scale pipes in the 32 c.p.s. 
to 64 c.p.s. octave) each went through a period in 
which the fifth partial was predominant. Rather 
surprisingly, none of the flutes of higher pitch 
were found to behave in this way, although, in the 
case of a rohr gedeckt (flute with pierced stopper) 
of pitch c’, the fifth partial was observed super- 
imposed on the fundamental in the transient 
state. The effect of overblowing was tried on 
several pipes. A stopped flute of pitch c, when 
greatly overblown, sounded the third partial of 
its normal pitch as a new fundamental. This 
same tone predominated in the transient state. 
The steady state was reached in some 0.03 
second, a shorter time than is required for the 
speaking of most normally blown flutes at the 
new pitch. An open flute of the same normal 
pitch, when moderately overblown, sounded the 
third partial prominently during the transient 
state, but during the steady state sounded the 
second partial with the fundamental present in 
small amplitude. When the overblowing of this 
pipe was increased, it sounded essentially the 
third partial in both transient and steady states 
as did the stopped pipe, the speech being likewise 
much more prompt than for pipes at low pressure. 


The diapason family 


Twelve different diapasons were studied at 
middle ¢ pitch alone. In most instances the 
transient wave form varied only in small details 
from one pipe to another; in general, the oscillo- 
grams obtained from different pipes were so 
similar that they could be superimposed quite 
closely. The second partial was always predomi- 
nant during some portion of the transient state. 
There was more variation in the time required 
for the fundamental to become evident than in 
the time required to reach the steady state. 
These observations tend to indicate that the 
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diapason, from the standpoint of its manner of 
speaking, is a highly definite type of organ pipe. 
The time required for middle ¢ pipes to reach the 
steady state was generally 0.04-0.05 second. The 
extremes observed were (1) a very large (30 scale) 
pipe on 73” wind pressure,‘ which reached a 
steady state in some 0.03 second; (2) a smaller 
(46 scale) pipe on 33” wind which required about 
0.07 second to reach a steady state, sounding an 
almost pure second partial during most of the 
transient state. The oscillograms for even these 
extreme cases could be superimposed in certain 
parts of the transient state upon the oscillograms 
for ‘‘average”’ diapasons; an observer who had 
inspected the oscillograms for ‘‘average” dia- 
pasons would hardly have failed to classify the 
extreme cases as diapasons by comparison. It is 
not to be inferred that pipes voiced on low wind 
pressure necessarily speak slowly. One pipe 
voiced on 32” wind arrived at a steady state in 
some 0.04 second. The effect of greatly over- 
blowing a diapason was to make the wave form so 
irregular that interpretation was impossible; no 
truly steady state was reached. The effect of 
greatly underblowing a diapason voiced on high 
pressure was to make its transient resemble that 
for an open flute. 

One of the diapasons examined was a test pipe 
which could be fitted with cylinders of various 
materials. The transient was practically un- 
changed when a wood cylinder was substituted 
for the pipe metal cylinder. Beats were observed 
when a thin copper cylinder was used which had a 
mechanical resonant frequency near the resonant 
frequency of the pipe. A pipe made of tin showed 
the same transient properties as an identical pipe 
made of zinc. Apparently the material of which 
the pipe is made has little effect upon the initial 
transient provided that the material is of reason- 
able thickness. Boner and Newman!’ have shown 
that the material of which the cylinder of a 
diapason is made has little effect upon the steady 
state tone. 

A diapason which had been mitered was found 
to speak in almost exactly the same manner as a 
similar pipe which had not been mitered. The 

4 Wind pressures are given in this article in inches of 
water, in conformance with the practice of organ builders. 

5C. P. Boner and R. B. Newman, ‘The effect of wall 


materials on the steady-state acoustical spectrum of flue 
pipes,’’ J. Acous. Soc. Am. 12, 83 (1940). 
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tone quality of the two pipes was considerably 
different; mitering a pipe changes the relative 
phases of sound from the mouth and from the 
open end for the listener whose ear remains on a 
level with the pipe. 

A gemshorn of middle c pitch was investigated 
and found to have a transient of the same nature 
as that of the diapasons. The gemshorn is re- 
garded by organ builders as belonging to the 
diapason class. 

A number of the middle c diapasons which were 
studied in this investigation had been used in a 
listening test. In this test two diapasons were 
sounded alternately until a group of listeners had 
voted as to which was more pleasing. This process 
of elimination by subjective judgment was con- 
tinued until the ‘‘best’’ pipe was selected. Tran- 
sient investigation showed that the “‘best’’ pipe 
spoke quickly, reaching a steady state in some 
0.04 second, but two of the ‘‘poor’”’ pipes spoke 
with practically the same rapidity as the ‘‘best”’ 
pipe. The “‘best’”’ pipe emitted the fundamental 
with appreciable amplitude somewhat sooner 
than these two “poor” pipes. The middle c 
diapason (already referred to) which required 
0.07 second to reach a steady state was noticeably 
“chirpy” in speaking. It was possible to sound 
the pipe for such a short interval that only the 
octave could be heard. It may be concluded that 
prompt speech, particularly prompt appearance 
of the fundamental, is necessary in a subjectively 
pleasing diapason, but that this property by 
itself does not insure that the sound from the pipe 
will be pleasing. 

The nature of the initial transient was found to 
be qualitatively the same for open diapasons 
having pitches from C; to c’’, which was the 
compass of this study. The results for diapasons 
at various pitches are included in Table I. 


The string family 


The investigation of string pipes was confined 
to the study of four pipes from a salicional rank 
voiced on 10” pressure. These pipes executed 
transients similar to those for reeds. The funda- 
mental was evident in the first sound which could 
be observed on the oscillograms, and the har- 
monic development was high from the outset. 
- The steady state was reached after four or five 
cycles in three of these pipes; the speech thus was 
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quick. Certain seemingly random irregularities jn 
wave form appeared during the transient state of 
these pipes. 


The reed family 


The observations made upon reed pipes tend to 
confirm Trendelenburg’s characterization of the 
attack of these pipes as being rapid and exact. 
The fundamental is present in the first sound 
which may be observed on the oscillograms, and 
the harmonic development is high even during 
the transient state. The steady state is reached 
quickly; in the case of the reeds studied here 
(trumpet and vox humana pipes, all with striking 
reeds) the steady state was reached in about half 
the time required for diapasons of the same 
pitch. The trumpets appeared to be more certain 
in attack than did the vox humanas, although 
pipes of both types spoke with about the same 
rapidity. A diaphone® was investigated and found 
to exhibit much the same attack as the reeds. 


General observations 


It appears that within a given set of pipes, all 
of similar scale and voicing, the time required to 
reach steady speech (measured from the time of 
entry of wind into the pipe) is, to a first approxi- 
mation, inversely proportional to the frequency 
at which the pipe is designed to speak. In other 
words, pipes of similar construction appear to 
require about the same number of cycles to reach 
steady speech, regardless of their pitch. 

Definite evidence was found to confirm 
Trendelenburg’s observation that inharmonic 
partials may be present during the transient state. 
Trendelenburg found that a certain lieblich 
gedackt pipe, of pitch C, sounded during the 
transient state a partial whose frequency was 
some 53 times the frequency of the steady-state 
fundamental. In the present investigation no 
such radical departure from harmonicity was ob- 
served, but it was found that a certain bourdon of 
pitch £; sounded a transient partial having some 
5.09 times the frequency of the steady-state 
fundamental. An overblown open flute of pitch C 
was found to sound a transient partial having 
some 2.9 times the frequency of the steady-state 





6 The diaphone is a reed-like pipe in which the air stream 
is interrupted by a valve pad on the end of a flat spring. 
The diaphone was developed to fill a need for a quick- 
speaking pedal stop in theater organs. 
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fundamental. The second partial sounded by 
diapasons during the transient state appeared to 
be inharmonic in some instances. The deviation 
from harmonicity was so small in this case as to 
be little greater than the probable experimental 
error. The largest deviation observed for a 
diapason was in the case of a pipe which emitted 
a transient tone having some 1.99 times the 
frequency of the steady-state fundamental. In 
still another pipe the transient second partial 
appeared to be sharper than the steady-state 
second harmonic. It is interesting to notice in this 
connection that Jones’ found in the case of a 
number of open wood pipes that some spoke at a 
higher frequency and some at a lower frequency 
than the natural resonant point of the tube. A 
number of factors might reasonably enter into 
the explanation of the inharmonic partials found 
during the transient state of flue pipes. The wind 
pressure might not reach its steady-state value 
during the transient state; the effect of pressure 
upon pitch of flue pipes is well known. The 
discrepancy between the frequency of normal 
speech and the frequency of acoustic resonance of 
the tube may be important, as may be the 


7A. T. Jones, ‘End correction of organ pipes,”’ J. Acous. 
Soc. Am. 12, 387 (1941). 


inharmonic relationship between successive fre- 
quencies of acoustic resonance for certain tubes. 

In this investigation, the duration of the tran- 
sient was always measured as nearly as possible 
from the time when the wind entered the pipe. 
No particular pains were taken to measure the 
time which elapsed between the closing of the 
battery circuit to the electro-pneumatic valve 
action and the delivery of wind to the pipe. This 
time interval appeared to be of the order of 0.01 
second for the medium-sized valve which was 
used here in connection with the pipes of pitch 
around middle c. The interval varied with wind 
pressure and with the type of pipe being sounded. 
For the larger pneumatic devices used to control 
the pipes in the C; octave the corresponding 
interval of time was perhaps 0.05 second, but 
there was so much variation in individual cases 
that the figure given is hardly more than an 
estimate. An investigation of the time required 
by the various types of organ chest action to 
respond, and of the effect of this action time upon 
the initial transients of the pipes, would consti- 
tute a worth-while extension of this research. 

The authors wish to thank Mr. Robert B. 
Newman for his kind assistance in parts of the 
experimental work. 
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Resonance Characteristics of a Cornet 


J. G. Woopwarp 
Mendenhall Laboratory of Physics, Ohio State University, Columbus, Ohio 


(Received August 1, 1941) 


The resonance of a Bb cornet was measured over a wide range of frequencies and for all 
combinations of open and closed valves. An audiofrequency oscillator and headphone were 
used as the source of sound and a sound level meter was the indicating device. About twenty 
regions of resonance were found, all below 2500 v.p.s. 





INTRODUCTION 


T has been common knowledge for a number 

of years that the musical notes sounded by 
brass orchestral instruments are rich in over- 
tones, the note of the trumpet, for example, 
sometimes containing thirty or more members of 
the harmonic series with appreciable amplitudes. 
This has been shown by making harmonic 
analyses of the wave forms of tones played on 
the instruments in question. One of the most 
recent and most complete analyses of this type 
made for the trumpet was carried out by Mlle. 
Dammann.! Her work not only corroborates the 
earlier experiments of D. C. Miller,? Meyer,* and 
others in finding and measuring a large number 
of overtones, but also shows that the relative 
intensities of the various overtones for the same 
note depend on the loudness and on the method 
of blowing the tone. This indicates that the tone 
quality for a given instrument is dependent on 
the spectrum of frequencies entering the horn 
at the mouthpiece, if we suppose that the 
resonance of the horn is independent of the 
intensity of the sound. However, the method of 
blowing can be of only secondary importance in 
determining timbre, since a note played on a 
trumpet can be recognized as coming from that 
instrument whether it be blown well or badly as 
judged from an artistic standpoint. Jeans‘ 
suggests that the free vibrations of the metal 
tube of the instrument constitute a formant 
which has much to do with the characteristic 
timbre of the horn. Richardson® also considers 


1A. Dammann, Comptes rendus 208, 1283 (1939). 

2D. C. Miller, Sound Waves, Their Shape and Speed. 
(Macmillan, 1937), p. 47. 

3 E. Meyer, Zeits. f. tech. Physik 12, 606 (1931). 

4 m4 James Jeans, Science and Music (Macmillan, 1937), 
p. 148. 

5 E.G. Richardson, The Acoustics of OrchestralInstruments 
and of the Organ (Oxford University Press, 1929), p. 59. 
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the idea of a formant, although in a sense some- 
what different from that of Jeans, and states 
that it is an absolute pitch theory of timbre as 
opposed to the older relative pitch theory. Ac. 
cording to this absolute pitch theory, the 
formant is a range of frequencies within which 
the harmonics are always prominent no matter 
what the fundamental, and it is the range of the 
formant along with the intensity within that 
range relative to the fundamental which deter- 
mines the timbre. In any case, we would expect 
that the quality of the tone leaving the horn 
would be greatly influenced by the way in which 
the instrument—metal and air column combined 
responds to various frequencies. The purpose 
of the present investigation is to measure this 
frequency response for a Bb cornet in the hope 
that it will help to explain the distribution of 
energy among the various overtones as found in 
harmonic analyses and to show the role played 
by the instrument in the formation of a charac- 
teristic timbre. 





METHOD AND APPARATUS 


The method used to study the response of the 
cornet to various frequencies was the following. 
A crystal headphone excited at audible fre- 
quencies by a General Radio low frequency 
oscillator, Type 377-B, was clamped to the 
mouthpiece of the cornet so the sound would 
pass through the instrument. At the bell of the 
horn was placed a crystal microphone which was 
connected to a General Radio sound level 
meter, Type 759. The frequency was varied in 
small steps by changing the inductance and 
capacitance of the oscillator, keeping the fila- 
ment and plate voltages and the feed-back 
current constant throughout the course of the 
measurements. The corresponding decibel read- 
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ings of the sound level meter were noted at each 
frequency. The output of the oscillator and 
headphone was free from harmonics of sufficient 
intensity to cause trouble. A sound-insulated 
chamber was constructed from a large clay tile, 
having an inside diameter of eighteen inches and 
a wall thickness of one and a half inches, by 
placing it on end on a concrete floor and lining 
the inside walls and bottom with a four-inch 
layer of rock wool. The cavity thus formed was 
free from standing wave patterns, and when 
covered with a three-inch layer of rock wool, a 
one-half-inch layer of Celotex, and a two-inch 
oak lid, its noise level reading was essentially 
that of the electrical circuit, batteries, etc., of the 
sound level meter itself. During measurements 
the microphone was placed at the bottom of the 
insulated space with the cornet suspended ver- 
tically above it, the bell being about two inches 
from the microphone, and the tile covered as 
described. 

By placing the headphone close to the micro- 
phone, without the cornet, and taking decibel 
readings at various frequencies, the response of 
the electrical parts of the apparatus was found 
at each of the frequencies used in measurements 
with the cornet. At each such frequency the 
decibel reading for the headphone alone was 
subtracted from the decibel reading with the 
sound passing through the cornet to give a 
decibel difference which is a measure of the 
resonance or anti-resonance of the cornet alone. 
This was done over a wide range of frequencies 
and for all combinations of closed and open 
valves on the instrument. 


RESULTS 


When the decibel differences obtained in the 
manner described are plotted against the fre- 
quency of the sound entering the horn, a curve 
having maxima and minima results. The maxima 
are quite sharp whereas the minima are broad 
and flat. The resonant frequencies of the horn, 
that is, the frequencies of the musical notes 
usually played on the instrument, fall at or near 
the minima of the curve. As a check on the 
method, data were taken for a cylindrical pipe 
with the headphone at one end of the tube and 
the other end left open and close to the micro- 
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phone. In this case the sharp maxima occurred 
at the resonant frequencies as calculated for an 
open pipe. The form of the two curves as well as 
the positions of resonance in each case are in 
general agreement with the mathematical theory 
for conical or exponential horns and for cylin- 
drical tubes, respectively,® since we may consider 
the diaphragm of the headphone to be a piston 
vibrating at one end of the tube and the readings 
of the sound level meter to be a measure of the 
acoustic power transmitted by the tube. 

The mechanism involved in playing the cornet 
is certainly more complex than the idea of a 
piston vibrating at the end of the metal tube. 
Richardson, who has discussed this matter in 
considerable detail,” says that the note played 
upon the instrument depends on three factors, 
namely, the frequency of vibration of the lips, 
the frequency of the edge-tone produced at the 
orifice inside the cup of the mouthpiece, and 
the resonant frequencies of the air column of the 
horn. When the first two frequencies are the 
same and also fall at one of the resonant fre- 
quencies of the horn, the three vibrating systems 
reinforce one another and the intensity of the 
sound becomes great. The frequency of the edge- 
tone depends on the velocity of the air from the 
player’s lips and on the distance of the lips from 
the orifice. Hence this frequency as well as the 
vibration of the lips can be controlled by the 
musician. The only factor which is fixed and not 
under his control is the resonance of the horn 
and its air column, except insofar as different 
harmonic series may be had by use of the 
pistons. If the resonance of the air column is 
independent of the type of source setting it into 
vibration, data taken by the method described 
above will yield information regarding possible 
resonance frequencies when the instrument is 
played in the usual manner. 

For convenience in visualizing resonance 
properties of the cornet, the transmission curves 
have been plotted in Fig. 1 to show resonance as 
maxima, the largest decibel readings now lying 
at the minima. It is observed that the first six or 
eight maxima in each curve are almost equally 
strong. From then on the maxima fall off quite 


6 Cf. P. M. Morse, Vibration and Sound (McGraw-Hill, 
1936), Chapter VI. 
7E. G. Richardson, reference 5, pp. 70-75. 
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Fic. 1. Resonance of Bb cornet. Ordinates show db differences between sound without and with cornet interposed 


between headphone and sound level meter microphone. Closed valves: a—none; b—2; c 
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rapidly until at 2000 v.p.s. they are barely 
noticeable. A closer examination of the curves 
of Fig. 1 reveals a band of frequencies just above 
700 v.p.s. which is suppressed whenever the first 
valve is closed. It is especially noticeable in 
curves e and g. While this is undoubtedly an 
idiosyncrasy of the particular instrument used in 
these experiments, it illustrates the sort of thing 
which can occur to influence tone quality and to 
cause one cornet to sound and play differently 
from another. 

The flatness of the resonance regions on the 
curves is of interest because it explains what 
every cornetist knows, namely, that the pitch of 
the note played can be shifted over a consider- 
able range by simply changing the tension of the 
lips. The shift produced in this way was measured 
by tuning an audiofrequency oscillator to give a 
tone of the same pitch as the lowest component 





1; d—3; e—1, 2; f—2,3; 


of a tone played on the cornet. This was accom- 
plished by picking up the sound from the cornet 
with a microphone connected to the vertical 
sweep of a cathode-ray oscillograph while the 
oscillator was connected to the horizontal sweep. 
When the cornet and the oscillator were in tune, 
a stationary Lissajous figure appeared on the 
oscillograph screen. It was found that with only 
a small amount of forcing the musician could 
change the frequency through a range of 20 
v.p.s. Data taken in this manner for the first five 
overtones with all valves open are reproduced in 
Table I. That the mean value of the frequency 
for each overtone in Table I does not fall exactly 
at the center of its corresponding resonance 
maximum in Fig. 1(a), but rather falls a bit to 
one side of the center in each instance, can be 
attributed to a difference in temperature of the 
air column, the data of Fig. 1 being taken at 
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room temperature and those in Table I at some 
temperature nearer the body temperature of the 
player. 

The response curve for frequencies between 
2000 and 6000 v.p.s. with the third valve closed 
is given in Fig. 2. It is a continuation of Fig. 1(d). 
We observe nothing above 2500 v.p.s. which may 
be called a resonance maximum in the sense that 
it is a member of a harmonic series. The high 
portions of the curve in the neighborhood of 
3000 v.p.s. and above 4500 v.p.s. indicate that 
frequencies in those ranges are passed freely by 
the horn. The fact that such sounds are not 
heard in the note of the cornet and are not found 
in harmonic analyses leads us to conclude that 
they are not present in the spectrum of fre- 
quencies entering the horn at the mouthpiece. 
In fact, we are assured by the smooth wave form 
of the tone and by the stationary Lissajous figures 
obtained with a pure tone oscillator, that the 
emergent sound contains only members of the 
harmonic series. Thus the resonance character- 
istics of the horn not only determine which 
frequencies shall be passed, but also determine 
to a considerable extent the way in which the 
lips shall vibrate during the blowing of a note. 


TABLE I. Range of frequencies over which open tones of a Bp 
cornet can easily be forced by changing the tension of 
the lips. 


B F B D F 
Lower limit 213 327 440 583 688 
Upper limit 232 346 465 602 706 
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Fic. 2. Resonance of Bp cornet. Measurements between 
2000 and 6000 v.p.s. made with third valve closed—a 
continuation of Fig. 1(d). 


If a formant exists, the upper limit of its range 
should be about 2000 v.p.s. for this instrument, 
since the resonance maxima are not appreciable 
beyond that point. Only about twenty members 
of the harmonic series are then available to give 
character to the tone, and the tone from the 
cornet used ought to be mellow and without 
blare. This is indeed the fact. While the inves- 
tigation of but one cornet cannot explain in any 
detail the difference between good and poor 
instruments from a musical standpoint, it does 
give some indication of the part played by the 
instrument in the production of tone quality and 
thereby shows indirectly what is left to the 
artistry of the musician. 

The author wishes to acknowledge and express 
gratitude for the helpful counsel given in this 
work by Professor H. P. Knauss of the Menden- 
hall Laboratory of Physics. 








OCTOBER, 


1941 J. A. SB. Ax 


VOLUME 33 


Vibration of the Walls of a Cornet 
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Vibrations of the metal walls of a cornet were studied with a crystal pick-up and a cathode- 
ray oscillograph. For each tone of the scale, the walls were set into vibration at the frequency of 
the tone played. This vibration was duplicated by electromagnetic driving, and the sound 
produced by the walls alone was compared with the tone of the cornet as played, by means of a 
sound level meter. The intensity difference shows that the contribution of the walls is masked 
completely by that of the vibrating air column. This was checked by loading the walls of a 
bugle with putty; its tone quality could hardly be distinguished from that of an untreated 


bugle. 





HE contribution to the tone of a horn made 

by the walls of the instrument has long 
been a matter of conjecture. According to 
Richardson! the influence of the tube is twofold: 
“‘(1) greater or less damping of the tone, (2) an 
enhancement of notes in certain regions of the 
scale.” Among musicians there has been much 
discussion about the effect of plating a brass 
horn, and about the relative merits of silver and 
ordinary brass bells. One manufacturer is offering 
instruments made of electrolytically deposited 
metal. The present paper deals with one aspect 
of the whole question, namely, the extent to 
which the walls of an ordinary cornet actually 
contribute to the sound produced by the in- 
strument. 


EXPERIMENTAL 


A King Master model cornet, made by H. N. 
White, Cleveland, equipped with a Del Staigers 
mouthpiece No. 38, was used in these experi- 
ments. It is of brass with medium bore, and has 
a banded edge on the bell. It has a lacquer 
finish, i.e., it is not plated. Vibrations of the 
walls were studied with a Brush ‘‘vibromike,”’ 
model MV-1, which is a crystal unit sensitive to 
mechanical vibration, but quite insensitive to 
air-borne vibrations. The output of the vibromike 
was fed into a DuMont Type 168 cathode-ray 
oscillograph. Intensities were measured with a 
General Radio sound level meter, Type 759-A. 
Most of the experiments were made in an un- 

1E. G. Richardson, The Acoustics of Orchestral Instru- 


| ments and of the Organ (Edward Arnold and Company, 
London, 1929), pp. 57-59. 


treated laboratory room with a reverberation 
time of about three seconds, but a few measure- 
ments were made on a steel frame fire-escape, 
about ten feet from the nearest reflecting walls 
of the building. 

By moving the vibromike to various points on 
the cornet, nodes and antinodes were found for 
the different tones of the scale. The nodes were 
located a few cm back from the edge of the bell, 
and the antinodes were in the general neighbor- 
hood of the first bend of the tube. In each case 
the metal is driven at the fundamental frequency 
of the tone being played. The natural frequency 
was found to be about 580 v.p.s., or D of the 
treble clef, when excited by simply tapping with 
the finger. 

The wave form picked up by the vibromike 
placed at the bend of the tube is quite complex, 
as shown in Fig. 1, when Bp (233) is played. 
For higher tones, the complexity is much less, 
and the appearance is that of a sine curve for 
the upper notes of the register. The wave form 
of the sound picked up by a dynamic microphone 
is noticeably more complex than that of the wall 
vibrations. 

In one series of experiments, horizontal de- 
flections were obtained not by the sweep circuit 
of the oscillograph but by the amplified voltage 
output of the dynamic microphone. This pro- 
duced modified Lissajous figures, of which Figs. 
2-4 are examples. The amplitudes could be 
controlled by means of the amplifiers of the 
oscillograph, and the phase by varying the 
distance of the microphone from the cornet. In 
Fig. 2, the tone is the same as that of Fig. 1, 
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Fic. 1. Vibration of cornet tube when 
playing Bb (233). 


Bb (233), and the complexity is obvious. Fig. 3, 
was obtained with Bb two octaves higher, and 
Fig. 4, with C (1046). The figure-eight shape of 
the former was naturally interpreted as indi- 
cating a two-to-one relationship between the 
two frequencies, making it appear that the metal 
vibrates at half the frequency of the air column.? 
The ellipse obtained just a full step higher clearly 
indicates that the two frequencies in this case 
are the same. This seemed hard to explain, and 
the difficulty was resolved by using another 
means of comparing the two waves. A DuMont 
electronic switch, Type 150, was used to put the 
two wave forms on the screen successively, and 
by persistence of vision the patterns appeared 
one above the other. This made it evident that 
the two frequencies actually are the same, and 
the figure-eight shape of Fig. 3 is explained by 
the presence of a strong second harmonic in the 
signal from the microphone, which distorts the 
Lissajous figure to this shape. 


2H. P. Knauss, Phys. Rev. 60, 65 (1941). 


/) 


Fic. 3. Vibromike output (ver- 
tical) against microphone output 
(horizontal) Bb (932). 
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Fic. 2. Vibromike output (vertical) against 
microphone output (horizontal) Bp (233). 


In order to measure the contribution to the 
tone of the instrument made by the vibrations 
of the walls, the following expedient was used. 
The vibromike was placed at an antinode, the 
amplitude of the pattern on the oscillograph 
screen was noted as the cornet was played, and 
the sound level meter reading was taken simul- 
taneously. Then, without changing the gain of 
the amplifiers on the oscillograph, the same 
amplitude of vibration was produced by driving 
the walls magnetically, and the sound level 
reading was again noted, due to the walls alone. 
The driving was accomplished by waxing to the 
wall of the bell a small piece of sheet iron, and 
placing close to this the polarized electromagnet 
of a telephone receiver, which in turn was fed 
with alternating current of the desired frequency 
and strength from an audiofrequency oscillator. 

The greatest intensity level obtained from the 
walls driven in this way was 50 db (above the 
reference level of the sound level meter, which 
is the conventional 10-'* watt/cm?) in a room 
where the noise level was 44 db. The intensity 


Fic. 4. Vibromike output (vertical) 
against microphone output (horizontal) 
C (1046). 
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level of the cornet as played in this case was 
90 db, and the tone used was C (1046). 

Outdoors it was more difficult to detect the 
sound from the brass alone in the presence of 
background noises of about 55 db. The cornet 
when played at a distance of about 40 cm from 
the sound level meter microphone, gave readings 
of from 85 db for Bp (233) to 102 db for the tone 
two octaves higher. 

Since this suggested that the sound coming 
directly from the walls is insignificant, the 
following experiment was tried. A pair of similar 
bugles was used, one of which was treated by 
coating the inside of the bell with putty to a 
depth of several millimeters as far back as the 
fingers could reach. This effectively deadened the 
vibrations of the metal, as shown by tapping 
with the finger, and also by using the vibromike. 
The sound of the instrument was far from 
“‘dead,’” however, in fact it seemed to be richer 
in overtones than that of the untreated bugle. 
This is no doubt true, as a result of the decreased 
bore resulting from the layer of putty. The putty 
was then placed on the outside of the bugle, and 
very little difference in tone quality could be noted 
between the treated and the untreated bugle. 


KNAUSS AND W. J. 
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DISCUSSION 


In order to evaluate the contribution of the 
wall vibrations to the tone quality as judged by 
the ear, the question may be raised as to the 
extent to which the sound produced by the 
walls alone is masked by the sound of the 
vibrating air column. In the case of a 1000-cycle 
pure tone, masking of about 65 db is produced 
by a 90-db tone,* consequently a 50-db masked 
tone would be completely inaudible. Since we 
are not dealing with pure tones here, the masking 
data must be applied with caution, but it seems 
highly that the sound from the 
air column is capable of masking completely 
the sound originating from the vibration of the 
walls. 

Since the data reported here have all been 
obtained from one instrument, sweeping general- 
izations should not be drawn. As far as they go, 
these results support the idea that vibrating 
walls contribute little if anything to the tone of 
a cornet. 


probable 


3H. Fletcher and W. A. Munson, J. Acous. Soc. Am. 9, 1 
(1937). 
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A Re-Examination of the Noise Reduction Coefficient 
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Johns- Manville Research Laboratories, Manville, New Jersey 


(June 26, 1941) 


It is the present practice to call the average of the sound absorption coefficients at 256, 512, 
1024 and 2048 cycles the noise reduction coefficient, in an effort to assign a single figure to an 
absorbing material which will be useful in judging its performance in a noise quieting problem. 
This is recognized as a makeshift, as no single figure can represent correctly the reduction 
obtained. Typical noise spectra are presented and analyzed for reductions that can be expected 
in each frequency band. It appears that if a single figure is to be assigned the absorption coeffi- 
cient at 4096 should also be considered. This is particularly true of office quieting, which is an 
important field of commercial noise control. In factories where heavy machinery is operating, 
it appears advisable to give some weighting to 128 cycles. 





INTRODUCTION 


NE of the most important engineering uses 

for sound absorbent material is in the 
suppression of noise. Recognizing that the noise 
reduction produced by a material was a function 
of its performance over a wide frequency range, 
the Acoustical Materials Association has long 
used what is known as a noise reduction coeffi- 
cient to describe this performance. 

A number of years ago, when this association 
was first organized, the advisory council was 
asked for a recommendation as to how this 
coefficient should be determined. A temporary 
procedure was adopted using the average of the 
sound absorption coefficients at 256, 512, 1024 
and 2048 cycles. It was generally recognized 
at the time that such a procedure was only a 
rough approximation, and it was recommended 
that a more careful study of the problem be 
made. 

The use of this average was based on the 
generally recognized fact that the frequency 
characteristic of noise is exceedingly complex, 
and that the range between 256 and 2048 cycles 
includes an important part of the energy. The 
information which led to the choice of this aver- 
age for the noise reduction coefficient was es- 
sentially qualitative in nature. It is the purpose 
of this discussion to re-examine the basis on 
which a rational noise reduction coefficient may 
be determined and to present certain quantita- 
tive data which the authors believe will permit 
a more accurate procedure. 

In considering this problem it should be noted 
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that 75 percent or more of the sound absorbent 
material sold is used in the quieting of office 
noise. Therefore, we should examine over-all 
office spectra and the spectra of individual noise 
sources which occur commonly in offices. Tables 
are presented of analyses by frequency bands for 
typewriters, business machines, and voices. The 
data for speech include material from Dunn and 
White.! Pressure level is only one of the factors 
which govern the success of a quieting job, at 
least where the judgment of human beings is 
used as a criterion. It is important, however, 
and is used as a point of attack because it is 
susceptible of quantitative analysis. 


DATA AND DEVELOPMENT 


Figure 1 shows three typical noise spectra, 
with additional points representing speech levels 
at a normal voice effort in quiet surroundings. 
The restaurant and tabulating room were 
judged very noisy, and the general office moder- 
ately noisy. These areas were without acoustical 
treatments. The spectra were measured with a 
Western Electric D95921 microphone, Electrical 
Research Products RA243 filter set, pre-ampli- 
fier, Johns-Manville sound level meter. The 
following bands of the filter set were used: 0-50, 
50-100, 100-200, 200-400, 400-800, 800-1600, 
1600-3200, 2400-4800, 4800+. The pressure 
level for each band setting has been plotted at a 
single frequency representing the band: 30, 75, 
150, 300, 600, 1200, 2400, 3600, 6000. A smooth 
curve was drawn through these points. The 


1J. Acous. Soc. Am. 11, 278 (1940). 
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Fic. 1. Pressure level for noise and voice spectra, taken with filter band widths of one octave. Values are 
plotted at the central points of the bands and a smooth curve drawn. 


circles are for a single male voice 61 cm from the 
microphone. The maximum reading during 
the repetition of a test sentence was taken. The 
crosses are from Dunn and White’s data for 
the spectra of long interval speech pressures 
for the composite male voice. The data have 
been converted from the authors’ presentation of 
pressure per cycle at 30.5 cm to pressure level 
per band at 61 cm. 

Table I shows pressure level per band for 
various office sources at the distances used for 
measurement. The voice values have been con- 
verted from Dunn and White. Using this table, 
a synthetic output spectrum has been computed 
for the following typical group of office sources: 
3 mens’ voices, 3 womens’ voices, 5 ordinary 
typewriters, 5 quiet typewriters, 2 tabulating 
machines. The values in Table I have been con- 
verted to equivalent point sources at a distance 
of 30.5 cm for the number of sub-sources taken. 
This involved the directional effect of the voice, 
and the sizes of the mechanical sources. These 
data are presented in Table II. The summation 
of 94.5 db is the pressure level generated by a 


single equivalent point source in a free field at a 
distance of 30.5 cm. 

The synthetic output spectrum of the “total” 
column of Table II is assumed to operate in an 
office 30’X50’X10’ having absorptions in ac- 
cordance with Official Bulletin No. VII of the 
Acoustical Materials Association. The sabines 
in the untreated office are presented in Table III. 
For the floor the AMA values for wood, concrete 
and linoleum were averaged. The ceiling is 
assumed to be lath on plaster. The walls are 
assumed to be plaster on tile, with 10 percent 
of the area in glass. The sabines at these fre- 
quencies were plotted and suitable values taken 


TABLE I. Pressure level spectra from separate sources. 











TABU- 
VorceE—30.5 CM TYPEWRITER—61 CM LATING 
Quiet MACHINE 
MALE FEMALE ORDINARY DESIGN —30.5 CM 
0-50 —_ —_ — —- 68 
50-100 60 —_— 57 61 69 
100-200 67 66 59 64 71 
200-400 72 69 56 60 69 
400-800 71 66 61 59 71 
800-1600 65 61 66 60 74 
1600-3200 61 59 70 61 73 
2400-4800 58 54 70 62 71 
4800 + 47 49 64 57 67 
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TABLE II. Synthetic office spectrum—no treatment. 
































5 ORDINARY 5 QUIET 2 TABU- 
TYPE- TYPE- LATING Room 
3 MEN 3 WoMEN WRITERS WRITERS MACHINES TOTAL CORRECTION P.L. 
0-50 — — ae — 78 78.0 8.6 69.4 
50-100 64 — 73 77 79 81.8 9.6 72.2 
100-200 71 70 75 80 81 84.5 10.6 73.9 
200-400 76 73 72 76 79 82.9 11.2 71.7 
400-800 75 70 77 75 81 84.0 11.8 72.2 
800-1600 69 65 82 76 84 86.6 12.2 74.4 
1600-3200 65 63 86 77 83 88.1 12.8 75.3 
2400-4800 62 58 86 78 81 87.7 13.2 74.5 
4300+ 51 53 80 73 77 82.3 13.8 68.5 
94.5db 82.5db 

















off at the nine mid-band frequencies used. 
Conversion from the output pressure level at 
30.5 cm in a free field to average pressure level 
throughout a room with the sabines of Table III 
can be made by computing the total power E, 
in watts, radiated by the point source and apply- 
ing the usual equation: 


room pressure level = 10 log L[E/(@SX10-"*) ]. 


The area S must be in sq. cm. The same result 
is obtained by figuring a “room correction,” 


10 log (sabines/12.58) 


and subtracting it from the output pressure level. 
This form of the conversion derives from the 
fact that the surface area of the imaginary 
sphere of reference for the pressure level of the 
source is 12.58 sq. ft. The room pressure levels 
so computed are given in Table II, last column. 
These room pressure levels arrived at syn- 
thetically by using the measured pressure of the 
various sources and certain assumed absorption 
coefficients, are seen to be of the same general 
order as the measured room spectra of Fig. 1. 
This method of forecasting room pressure level 
from a knowledge of the sound energy output 
of the individual sources appears to be correct. 
It should be a useful means of analysis as it 


TABLE III. Sabines in untreated office. 











128 256 512 1024 2048 4096 
1500 sq. ft. of floor 45 47 50 52 53 58 
1500 sq. ft. of ceiling 30 37 45 52 58 65 
1600 sq. ft. of walls 24 30 40 50 58 70 
Desks : 20 23 27 30 33 40 
Chairs, cabinets, etc. 20 23 27 30 33 40 

139 160 189 214 235 273 














sets forth the complete noise spectrum with 
which the sound absorbent material must cope. 

The computed effect on room pressure level 
of three ceiling acoustical treatments is given 
in Table IV, using a wide variation in the fre- 
quency characteristics of three assumed room 
spectra. Materials A and B are commercially 
available. Material C is fictitious, with an ab- 
sorption characteristic selected for illustration. 
For this portion of the paper the frequencies of 
interest are assumed to be in six bands centered 
on 128, 256, 512, 1024, 2048 and 4096. The 
reduction in any one band is taken in the usual 
way as: 


10 log [(@S:+8S2)/aS,], 


where &=average coefficient of absorption for 
this band in untreated room 
S;=area associated with & 
8=coefficient of absorption of acoustical 
material for this band 
S2=area associated with 6. 


The true reduction is taken as the difference in 
the band summations before and after treatment. 
The coefficients assumed are given in Table V. 
The coefficients for no treatment are assumed to 
apply to 4600 sq. ft., and for each of the ma- 
terials are assumed to apply to a ceiling area of 
1500 sq. ft. As stated above the coefficients for 
the ‘‘no treatment” column are derived from 
AMA Bulletin No. VII. 

Three room spectra are investigated, desig- 
nated as ‘‘flat,’’ “humped,” and ‘‘dished.”” The 
various components were selected to give 80.0 
db summation, and to have, for the last two, 
a variation within themselves of approximately 
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TABLE IV. Effect of acoustical treatment on various room spectra. 



































REDUCTION IN EACH BAND 
MATERIAL A MATERIAL B MATERIAL C 
128 74 7.6 7.4 a 
256 8.2 wal 8.2 
512 9.4 8.4 9.3 
1024 8.2 8.2 8.8 
2048 6.5 8.4 6.2 
4096 a | ta 0 
—— Sy 2 ORIGINAL SPECTRUM a 0 N EW SPECTRUM eat 
No TREATMENT MATERIAL A MATERIAL B MATERIAL C 
128 72.2 64.8 64.6 6448 — 
256 42.2 64.0 65.1 64.0 
512 pace 62.8 63.8 62.9 
Flat 1024 12:2 64.0 64.0 63.4 
2048 72.2 65.7 63.8 66.0 
4096 722 66.5 65.1 tee 
Total 80.0 72.6 72.2 74.8 
True reduction 7.4 7.8 We 
AMA reduction 8.1 8.1 8.2 
Weighted reduction ee 7.8 Y 
128 65 57.6 57.4 57.6 
256 71 62.8 63.9 62.8 
512 ADS 66.1 67.1 66.2 
Humped 1024 75.5 67.3 67.3 66.7 
2048 71 64.5 62.6 64.8 
4096 65 59.3 57.9 65.0 
Total 80.0 71.9 72.0 72.4 
True reduction 8.1 8.0 7.6 
AMA reduction 8.1 8.1 8.2 
Weighted reduction 8.3 8.0 8.3 
128 76 68.6 68.4 68.6 
256 68.5 60.3 61.4 60.3 
512 65 55.6 56.6 55.7 
Dished 1024 65 56.8 56.8 56.2 
2048 68.5 62.0 60.1 62.3 
4096 76 70.3 68.9 76.0 
Total 80.0 73.1 72.6 77.0 
True reduction 6.9 7.4 3.0 
AMA reduction 8.1 8.1 8.2 
Weighted reduction 6.6 iio 4.9 








10 db. The AMA reduction for any given material 
is figured by: 


| i=5 @; i=5 B; i=5 @; | 
10 og|| x )s+(z—-)s:|/(2)s: | 
i=2 4 i=24 i=2 4 
where &, &3, &s, 2; =average coefficients of ab- 
sorption at 256, 512, 1024, 

2048 in untreated room 
S,=area associated with @, etc. 
Be, Bs, Bs, 8s =coefficients of absorption at 
256, 512, 1024, 2048 of 

acoustical material 

S2=area associated with Bs, etc. 


For any one material in a given room the AMA 
reduction is a constant which does not vary 
even though the treatment may be required to 
cope with a variety of room spectra. This is 
apparent from Table IV. 

The weighted reduction is figured by: 


10 log | 2. —=)si 
i=1 6 





AMA 


vary 
ed to 
his is 





where 
Gy, G2, Xz, H4, As, A= average coefficients of ab- 
sorption at 128, 256, 512, 
1024, 2048, 4096 in un- 
treated room 
S,=area associated with &, etc. 
B1, Ba, Bs, B1, Bs, 8s = coefficients of absorption at 
128, 256, 512, 1024, 2048, 
4096 of acoustical material 
S.=area associated with @), etc. 
hy, ke, ks, Ra, Rs, Re= weighting factors which must 
sum up to 6.0. 


The various k values for a given spectrum are 
selected to be proportional to the sound energy 
present in each band. Computations of k for 
the three spectra of Table IV are given in 
Table VI. 

In Table V the AMA noise reduction coeffi- 
cients and the weighted coefficients are given. 
As noted, the weighted coefficient varies for the 
different room spectra. Using notation similar to 
the above: 


i=5 Q; 
AMA N.R.C.=> —, 
i=2 4 
, i=6 Ria; 
Weighted coefficient = >- i 
i=1 


where a; is the coefficient of absorption at one 
of the applicable frequencies. 


DISCUSSION 


The material presented above indicates that 
office noise has appreciable energy distributed 
over the frequency range in an approximately 
uniform manner. The calculations show that 
with listed commercial materials considerable 
error may be introduced by neglecting to include 
the 128 and 4096 cycle coefficients in computing 
expected total pressure levels. Conditions may 
be met which call for absorption outside the 
range covered by these frequencies, but since 
it is the current practice to measure only the six 
frequencies used, this discussion is confined to 
these. 

When examining the coefficient problem from 
the viewpoint of loudness level the conclusions 


are basically similar. In the two most intense 
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measured spectra of Fig. 1, the phon values per 
band, after conversion to loudness level, would 
be of the same order as the db values of pressure 
level. The range between 1000 and 4000 cycles 
becomes more important. Similar spectra at 
lower levels such as the general office which 
occur where machines are less numerous would 
show the 0-200 cycle range less significant 
because of the lowered ear sensitivity. 

The demonstrable error in physical pressure 
level which is introduced by neglecting the 
efficiency of an acoustical material at 128 and 
4096 cycles is clear. Its significance involves 
psychological factors. Comparing materials A 
and C for the flat spectrum in Table IV the 
AMA reductions are of the order of 8 db but the 
true reductions are of the order of 7.5 and 5 db. 
The tabulated AMA reductions deviate +9 
percent and +58 percent, respectively, from 
true. This is an extreme case of a differing ab- 
sorption characteristic between two materials 
which rate the same by AMA practice. Com- 
paring materials A and B which are commercially 
available and which rate the same by AMA prac- 
tice it is seen by Table IV the AMA reductions 
deviate from true for the flat spectrum by +9 
percent and +4 percent and for the dished 
spectrum by +17 percent and +9 percent. 
For the humped spectrum used, the AMA 
reductions are correct. 

These deviations from true range up to 1.2 
db for material A and up to 5.2 for material C. 
Except for C these db differences are small. 
However, the whole philosophy of presenting 
absorption coefficients as practiced by AMA is 
based on the assumption that a difference of 0.05 
in the coefficient at an individual frequency is 
sufficiently significant to be reported. In order 


TABLE V. Absorption coefficients assumed. 








No MATERIAL MATERIAL MATERIAL 
B ~ 





TREATMENT A 
128 0.030 0.35 0.44 0.35 
256 .035 .60 44 -60 
512 041 98 .74 .95 
1024 .047 .80 .80 .95 
2048 O51 .54 .93 .50 
41096 -.060 49 .74 .00 
AMA N.R.C. 044 -730 .7275 -750* 
Weighted coefficient 
flat spectrum .044 .627 .682 .558 
humped spectrum 045 .785 .740 .797 
dished spectrum .043 473 615 .277 








* In accordance with current AMA practice these would be reported 
as 0.05, 0.75, 0.75, 0.75, 
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to be consistent, an equivalent or larger difference 
in a reduction coefficient which represents the 
performances at all significant frequencies must 
be recognized. For the office example used above 
AMA coefficients of 0.75 and 0.70 give 8.2 and 
7.9 db reductions, respectively. 

Various practical experiences testify that 
rather small physical differences at high fre- 
quencies, as computed by the usual procedure, 
are not negligible. The ceilings of two similar 
private offices on adjacent floors were acous- 
tically treated. Both faced on the same street. 
In both the only interior noise source was a 
typewriter at the secretary’s desk. The materials 
were entirely satisfactory from appearance, 
maintenance, price and similar standpoints. 
They were reasonably similar in appearance. 
Nevertheless the occupants of one office com- 
plained vigorously that the typewriter noise was 
not quieted properly. The occupants of the other 
office were satisfied with the noise quieting. 
Investigation showed the materials to have AMA 
noise reduction coefficients approximately the 
same, but the 4096 coefficients were 0.45 and 
0.82, respectively. (For the office example used 
in this paper such coefficients would give 4096 
reductions of 5.4 and 7.4 db, respectively.) 
Replacing the lower coefficient material by the 
other type corrected the complaint. This is not 
an isolated case. Engineers working in this field 
are familiar with the significance of high fre- 
quencies in judging quieting performance. This 
example was chosen because the conditions were 
practically parallel and the observers were with- 
out previous bias. 

In the converse case such observations are 
commonplace. In the passenger spaces of railroad 
coaches, buses and ships the pressure level is 
usually much higher in the low frequency por- 
tion. In most cases the loudness level also is 
higher in the low end of the spectrum. Never- 
theless the average passenger will say, for in- 
stance, one stateroom on a ship is quieter than 
another. Measurements show that the two rooms 
differ in loudness level at the higher frequencies 
only, and because the spectra are dominated by 
intense low frequencies which pervade the ship, 
the total pressure level or loudness level in the 
two rooms is identical. Acoustical treatment that 
is efficient mainly in the high frequency ranges 
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TABLE VI. Computation of weighting factors, 








ARBITRARY CONVERSION To 








SPECTRUM ENERBY UNITS SUM OF 6.0 
128 72.2 15.8 1 
256 72.2 15.8 1 
512 72.2 15.8 1 
1024 72.2 15.8 1 
2048 72.2 15.8 1 
4096 72.2 15.8 1 
128 65 3.2 0.2 
256 71 12.6 0.7 
512 75.5 35.5 2.05 
1024 75.5 35.5 2.05 
2048 71 12.6 0.7 
4096 65 3.2 0.2 
102.6 
128 76 39.8 2.4 
256 68.5 7.1 0.4 
512 65 4.0 0.2 
1024 65 4.0 0.2 
2048 68.5 7.1 0.4 
4096 76 39.8 2.4 
101.8 








is nevertheless effective due to this type of 
ear judgment. Airplanes and dining cars when 
treated with sound absorbent material show 
little or no reduction in the primary energy 
levels below 500 cycles but produce differences 
of 8 db or more above 1000 cycles. In an un- 
treated airplane the pressure levels in the low 
frequency bands are of the order of 20 db more 
intense than in the bands above 1000 cycles. 
In a treated airplane the difference may be 28 
db. Nevertheless the acoustically treated planes 
appear to be more comfortable. Similar judg- 
ments are true of dining cars, when acoustically 
treated. 

Experiences such as these suggest that a simple 
calculation of pressure level and its associated 
loudness level will not predict fully the sensation 
variation. Laird? has shown that the ability to 
concentrate on and execute simple mechanical 
tasks was affected considerably more by sounds 
of high frequency than by those of low frequency 
when the loudness level of the disturbing sounds 
was held constant. Using other data by Laird’ 
on determining what levels produce equal dis- 
traction it has been estimated! that the following 
loudness levels are equally disturbing: 68 phons 
at 256 cycles, 60 at 1000, 46 at 4096. This ap- 
pears to indicate that it is of considerable im- 


2D. A. Laird, ‘‘The influence of noise on production and 
fatigue,”’ J. App. Psych. June, 1933. 
3 Laird and Coye, J. Acous. Soc. Am. 1, 158 (1929). 


4 Private communication to the authors from H. J. 
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RE-EXAMINATION OF THE 
portance to reduce the high frequency energy, 
even in a complex source. 

Another convincing measure of the physio- 
logical effect is the damage done to speech 
articulation. This appears to be of direct im- 
portance in offices and shops where dictating 
is done, or where directions must be transmitted 
orally. Fletcher® shows the energy content of 
speech above and below different frequency 
divisions, and the articulation associated with 
such divisions. If frequencies above 1000 cycles 
are not passed to the ear the articulation is only 
41 percent even though 82 percent of the energy 
is available. If only frequencies above 1000 
cycles are passed to the ear the articulation is 
86 percent even though the energy content is 
only 18 percent of the original total. 

As an indication of the excessive damage which 
office noise does to speech, see Fig. 1. The pres- 
sure levels in the frequency bands above 1000, 
for a voice 24” distant used with normal effort 
in a quiet place fall well below the background 
noise. These bands, unfortunately, are the ones 
which should be heard best. With Fletcher’s 
data the significance of high frequency reduction 
appears to be of great importance. 

The character of the high frequency compo- 
nents of office noise, such as typewriter clicks, 
may be of such short duration that the trouble- 
some effects which they cause may be lessened 
appreciably by decreasing their reverberation 
times. Doubling the sabines present at the high 
frequencies will decrease the pressure level, on a 
sustained tone analysis, by only 3 db, but it will 
decrease the reverberation time by 50 percent. 
This would allow a more sustained voice fre- 


5 Harvey Fletcher, Speech and Hearing (Van Nostrand, 
1932), p. 280. 
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quency to rise above the background noise a 
greater portion of the time and may contribute 
to increased articulation. 


CONCLUSIONS 


It has been shown that the pressure level of 
typical office noise is fairly uniform from 100 to 
4000 cycles. When the values are converted to 
loudness level the low frequency end becomes 
somewhat less significant and the range between 
1000 and 4000 cycles becomes correspondingly 
more significant, depending on the magnitude of 
the initial pressure levels. 

It has been indicated in Table IV that sum- 
mation pressure levels over a range of acoustical 
materials and room spectra are predicted better 
by a reduction coefficient using six weighted 
absorption values than by the present AMA 
practice using the simple average of four ab- 
sorption values. 

Various physiological and psychological con- 
siderations, as well as a variety of actual ex- 
periences, indicate that high frequency noise 
requires special attention, out of all proportion 
to its contribution to single figure pressure or 
loudness levels arrived at by a band summation 
method. 

Lacking an accurate method of evaluating 
these factors, it is proposed that the reduction 
coefficient be based on the average of the six 
frequencies 128, 256, 512, 1024, 2048, 4096, 
and that the average of the top three be recom- 
mended for additional consideration by the 
user as being of special importance to a complete 
solution of the problem. A weighting method 
such as proposed herein can be used where the 
spectrum of the noise to be reduced can be 
measured or predicted in advance. 
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The Flutter Echoes 
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’ 


“Fluttering’ 


is the transient vibration excited by short sound pulses between two parallel 


walls. To an observer near one of the walls, the flutter echoes always sound as if they originate 
from the farther wall. In this paper the phenomenon of fluttering is considered theoretically 
both by the normal mode technique and by the method of geometrical acoustics. Both methods 
predict a series of multiple echoes. This is verified experimentally by taking the oscillogram of 
the flutter echoes. The directional effect of the fluttering is explained by psychological reasons. 


URING recent years, two different tech- 

niques have been utilized in treating the 
problems in room acoustics. On one hand, the 
practical engineers usually try to discover the be- 
havior of sound in a room by considering the 
reflection and absorption of sound energy by the 
walls along different sound rays.! On the other 
hand, most of the research theorists insist on 
considering the normal modes of vibration, or the 
standing wave patterns, in the room.?-" These 
two techniques may be called those of geo- 
metrical acoustics and of physical acoustics, 
respectively. In the latter, the wave properties of 
sound are carefully considered and the phe- 
nomena of wave reflection, interference, and 
diffraction are all taken into account in the 
determination of the acoustical properties of a 
room. In geometrical acoustics, only the sound 
energy relations are considered and the inter- 
ference and diffraction of the sound waves are 
entirely disregarded; their effects on the acous- 
tical properties of the room are sometimes 
approximately estimated. It was shown long ago 
by Schuster and Waetzmann*® and later by 


1Cf.,e.g., C. C. Potwin and J. P. Maxfield, J. Acous. Soc. 
Am. 11, 48 (1939). 

2Lord Rayleigh, Theory of Sound (Macmillan, 1929), 
II, pp. 69 et seq. 

3K. Schuster and E. Waetzmann, Ann. d. Physik 1, 671 
(1929). 

4V. O. Knudsen, Architectural Acoustics (John Wiley, 
1932); J. Acous. Soc. Am. 4, 20 (1932). 

5P. M. Morse, Vibration and Sound (McGraw-Hill, 
1936), Chap. VIII; J. Acous. Soc. Am. 11, 56, 205 (1939). 

6F. V. Hunt, J. Acous. Soc. Am. 10, 216 (1939). 

7R.H. Bolt, J. Acous. Soc. Am. 10, 228 (1939); 11, 74, 
184 (1939). 

8D. Y. Maa, J. Acous. Soc. Am. 10, 235 (1939); 12, 39 
(1940). 

9N. B. Bhatt, J. Acous. Soc. Am. 11, 67 (1939). 

10 Hunt, Beranek, and Maa, J. Acous. Soc. Am. 11, 80 
(1939). 

u L. L. Beranek, J. Acous. Soc. Am. 12, 14, 228 (1940). 


others®*" that geometrical acoustics is the 
limiting case of physical acoustics for those 
cases where the room dimensions are large com- 
pared to the wave-length of sound, just as 
geometrical optics is the limiting case of physical 
optics for very large apertures. In other words, 
if the room is large, or if the frequency of sound 
is high, geometrical acoustics is just as good as 
physical acoustics. This has been shown both 
theoretically and experimentally.*!° In smaller 
rooms, or at lower frequencies, one has to go to 
physical acoustics in order to get the exact 
solution, or to go to geometrical acoustics with 
the help of some empirical correction factors. It 
is natural that the procedure used in getting the 
exact solution is more involved and sometimes 
even impractical on account of the complexity 
of the problem one usually has to deal with. The 
method of geometrical acoustics used by the 
engineers, with the aid of some results obtained 
by the exact method (e.g., the grazing incidence 
absorption, the effect of wave diffraction, etc.) is 
more useful in solving most of the practical 
problems. For some simple problems, where 
‘interference and diffraction are not of primary 
importance, the two methods give the same 
results. It is part of the purpose of this paper to 
illustrate this point by considering the phe- 
nomenon of flutter echoes by both methods. 


I. THE PHENOMENON 


Many of us have had the experience of hearing 
a musical note while walking between two 
parallel walls. This note is called ‘‘fluttering” 
between the walls and is excited by the footsteps. 
The ‘‘flutter’’ is, in most cases, of low pitch and 
in some special cases, when the walls are not very 
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close together, can be counted by the ear as a 
series of pulses. But if the distance between the 
walls is small (let us say, less than ten feet) it 
may sound just like a continuous note, not 
necessarily of low pitch. The fluttering can be 
excited by any kind of impulsive sound, like 
footsteps, handclaps, hammering etc. It has 
been observed under a large variety of circum- 
stances: between two high buildings about two 
hundred and fifty feet apart, in a safety under- 
pass about a hundred feet in length, in a rever- 
beration chamber (20X19X16 feet) with all 
except one pair of walls absorbing, in auditoria 
with improper distribution of sound absorbers, 
in narrow lanes and at various other places. An 
interesting observation is that under all circum- 
stances the direction from which the flutter 
comes, as judged by the ears, is determined solely 
by the position of the observer. Thus, if there are 
two observers, one near each wall, each one will 
judge that the fluttering originates from the wall 
near the other, regardless of the position and 
the nature of the impact sound source. By 
listening to the flutters, a man of normal hearing 
can easily locate the midpoint between two 
walls within half an inch. However, if a man 
with one ear slightly impaired comes to do the 
same experiment he usually locates the midpoint 
closer to his weaker ear; a deviation of five 
inches has been observed. In the following, both 
theoretical and experimental results indicate 
that the fluttering is due to successive reflections 
of the sound pulse by the walls and the “flutter 
echoes” are nothing but the multiple echoes of 
the original sound pulse. The directional effect 
of the flutter is explained as due to psychological 
rather than physical reasons. 


II. THEORETICAL CONSIDERATIONS 


In this section we shall consider the phe- 
nomenon of flutter echoes from the point of 
view of physical acoustics. This is simply a 
one-dimension problem which can be treated by 
following the same procedures used before for 
rectangular rooms.®! Let the walls be at «=0 
and x=/, respectively. For simplicity of the 
mathematics, assume that the walls are infinitely 
rigid, the results for absorbing walls will be 
given in an appendix. 


(A) Free vibrations 


The wave equation 


ap 1 8? 
mel (1) 


Ox? c? df? 


is to be satisfied under the boundary conditions 
that 


Op/dx=0 at x=0 and x=l, (2) 


where p represents the excess pressure and dp/dx 
is proportional to the particle velocity « which 
is zero at both walls (as the walls are assumed 
to be infinitely rigid). The solution of Eq. (1) 
is of the form 


Pn=Pp(x)en', (3) 
where 
P,,(x) =Cos wn(x/c) (4) 
and 
wn=nnc/l, n=0, 1, 2, ---. (5) 


One can take either the real or the imaginary 
part of exp (jwnt) in the solution p,, so the 
general solution for free vibrations may be 
written as 


P= Xn Pa(x)(An sin wt+B, cos wnt). (6) 


(B) Forced vibrations 


When a point source 7." of strength Qo cos wt 
exists at the point x=s, the equation of motion 
becomes 

a*p 1 0p 0q 


=p, (7) 
Ox? c?* dt? at 


where p is the density of air. The point source 
function g is defined such that 


q=0 for x+s 
and 
l (8) 
f gdx = Qo cos ma 
Writing F 
qg=Q cos wt, (9) 
we have P 1 3 
2b Pp 
— —— —= pwQ sin wl. (10) 
Ox c* dt? 


2 L. L. Beranek, J. Acous. Soc. Am. 12, 3 (1940). 
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The time variable goes out on putting 
p=P sin ot. (11) 


Both P and Q can be developed into series of 
the normal functions P,. And it can be shown 
that 


Q=(20,/l) ~ P,(s)Px(x), 








P 2pc?Qy P,,(s) P(x) 
l (n) @ — Wn?/w ; 
and hence 
2pc?Qo P,(s) P(x) ? 
p= ——§— sin wt. (12) 


L @® w—w,?/w 


(C) Application and removal of source, transient 
vibrations 


At the application or removal of a sound 
source there exist transient vibrations, as well 
as the steady-state response as found in (B). 
If the sound source is applied at the instant 
t=0, before which no sound vibrations exist, 
the sound pressure produced will be of the form 


_2c?Qo _ Pa(s)Pa(x) 





LL *® w—wn?/w 
X (sin wt+An sin wt+B, cos wnt) (13) 


from (A) and (B), where A, and B, are arbitrary 
constants to be determined by the _ initial 
conditions. The latter are that both the sound 
pressure and the particle velocity are zero at 
t=0, or 


p=0 and f pao at ¢=0, 


since $f pdt is proportional to the particle 


velocity. Substituting, it yields 


A,=—w,/, B,,=0, 
and, therefore, 
P,,(s) P(x) 





2pc?Qo 
p= he 
Ll @ w—wn?/w 


(14) 


X (sin wt—(wn/w) sin wnt), 


which is the response when a source is applied 
at the instant ‘=0. When w is equal to one of 
the w,’s, say w,, resonance will occur and Eq. 
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(14) may be written as 








2pc?Qo _ P»(s) P(x) 
=— (sin wt — (w,/w) sin w,f) 

lL ntk w—w,?/w 

2pc*?Qo 1 P,.(s)P;(x) 

im —————— 

8 w—w,?/w 

X (sin wt—(w;,/w) sin w,) 

2pc?Qo _ Px(s) P(x) 


(sin wt— (w/w) sin w,£) 
L née w—oy,?/w 


9 


« 


Prue) 
X (¢ cos wrt — (1/w%) sin w,f). 


As the time increases, the term containing ¢ as a 
factor will become larger and larger and finally 
all the other terms will be insignificant compared 
to it. So 


pb =(pc?Qot/LP) cos (ws/ ‘) cos (wx/c) cos wt, (16) 


when ¢ is large. It is seen that the value of p 
will increase without limit. Actually this cannot 
happen; any small attenuation in the air or 
absorption at the walls will limit p to a finite 
value. 

When the source is turned off at a subsequent 
moment t=t,, only the free vibrations are going 
to remain. Let 


__ 2pc?Qo P,(s)Pn(x) 


(A,/ sin wnt +B,’ cos w,f), 
l (n) 2/ 


W—-Wn Ww 


the initial conditions being that the values of 
the excess pressure and the particle velocity are 
given by Eq. (14) at the instant ¢=¢,. A,’ and 
B,! are easily determined and we have 





2pc*Qo  Pa(s)Palx)p 
=— | sin wt; COS wn(t—t) 
l (n) W — Wn?/w 
Wn , Wn 
+— cos wt; sin wn(t—t1) —— sin out} (17) 
) e) 
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(D) Fluttering 


To this we shall refer as the transient vibration 
excited by an impulsive sound. To simplify the 
mathematics, assume that a simple source is 
applied at the moment ¢= —fo and turned off 
at t=0 such that ¢o is small compared to //c, the 
time for sound waves to travel between the walls. 
By the method used in (C), one can find that 
the response to a simple source applied at 








=—Tty is 
2 pc? P,(s)P n(x) 
p= c*Qo > — = sin wt 
lL @&® wo-@,?/w 


+sin wlo COS wn(t+to) 


Wn 
—— COS aly sin wn(tt) | 
Ww 


If the source is turned off again at ¢=0, the 
transient vibration thus excited will be 


2pc?Qo I 
p= l (n) W— wn? /w 


+sin wly cos wn(t+to) 


SIN Wyl 








w 


Wn 
—— COS why sin wn(t+t) (18) 


w 


which represents the flutter mathematically. 


III. AN ALTERNATIVE APPROACH 


The above equation (18) can be derived from 
a slightly different approach which might be 
more helpful for the understanding of the actual 
phenomenon. Since fluttering is the transient 
state of vibration excited by impulsive sound, 
one may assume, as the initial condition to 
excite the transients, two short wave trains 
starting in opposite directions at the point x=s 
(Fig. 1). Expressed mathematically, the initial 
condition is that, at ‘=0, 


P= po=3Qopc cos (w/c)(x—s), 
$—cho<x<stcto, 
=(), elsewhere, 
and -(19) 
U=Uy=3Q0 Cos (w/c)(x—s), s<x<steto, 
—3Qo cos (w/c)(s—x), s—cto<x<s, 
=0, elsewhere, 


because Qo is the total volume rate of flow per 
unit area while the flow is divided into two 
opposite directions. These functions po and to 
may be developed in terms of the normal 
functions (4) or their derivatives by the method 
of Fourier analysis. Thus one has, in place of 
Eq. (19), 


2pc?Qo ——( - 
Po= . SIN wly COS Wrlo 
l (2) w—wn?/w 





Wn : 
—— COS wily sin wnt) 
(é>) 
ane octQy _ Pals)P,'(x) 1 

pc~ n\S n \X 
— ts (20) 


l (n) @— Wn?/w Wn 








Wn 
x ( ——-+sin why sin wrlo 


® 
| 
Wn 
+— cos wl) cos wt) 
Ww 
where 
P,,! (x) =dP,,(x) /dx = — (n/c) sin wp(x/c). 


Assume the subsequent transient vibration as 
of the form 


2pc*Qo 
p=- 


l (2) wW—Wn?/w 


P,,(s) P(x) 





(Ax SiN wrt +B, COS wnt). 


It is easy to determine the constants A, and B, 
by the continuity of p and uw at t=0, and one 
finds 


P,(S)Prla)fon 
—_—_—] — sin wal 
lL @& @—@n?/o lw 


+sin wtp cos wr(t+to) 
Wn P 
—— COS why Sin wr(t+to) }], (21) 
wW 
which is exactly the same as Eq. (18). 
IV. INTERPRETATION OF THE 
THEORETICAL RESULTS 


The derivation presented in the preceding 
section will help us more to understand the result 
obtained. The initial conditions (20) are the 
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Fic. 2. Theoretical flutter echoes. 1 and 2 indicate the 
pulses and ’ and ”’ indicate the directions. 


series expansions of the sound pulses (19). It 
can be shown that the result (18) or (21) is 
nothing but the series expansion of the following 
function 


p=4Qopc cos w[t—(2hl—s+x)/c], 
—ctoc St— (2hl—s+x) =0, 


=3Qopc cos w[t—(2kl+s+x)/c], (22) 
—ctySct—(2kl+s+x)=0, 
=(, elsewhere, 


where / and & are zero or integers, as 
P,(2hlax) =P,(2kl+x) =P,(x), 


by Eqs. (4) and (5). Equation (22) represents 
two sound pulses. An observer between the two 
reflecting walls will hear a series of sound pulses 
of the original frequency of the exciting sound, 
each with a duration ¢p as the original pulses. 
The interval between the arrivals of any two 
successive pulses will vary as a function of the 
positions of the source and the observer. 

To illustrate this point, consider an observer 
at the point x=£ From Eq. (22), sound waves 
are perceived whenever the condition 


—ctoSct—2mMl+s+éE=0 (23) 


is satisfied, m being zero or any integer. In 
other words, the observer will hear sound during 
the following intervals 


T-—toStST, (24) 
where 
T =(1/c)(2ml4s+8). (25) 


If to is negligibly small, as is usually the case, 
we may say that the pulses arrive at the moment 
T (actually it is T7—to), given by Eq. (25). Asa 
matter of fact, there are two series of pulses: 
one traveling in the positive x direction and the 


other in the negative x direction. Their times of 
arrival are, respectively, 


T’ =(1/c)(2ml4s+£) (26) 
and 
T” =(1/c)(2ml4s-—£). (27) 


The order of arrival depends on the values of 5 
and & In a particular example, s=//2 and 
£<//2, the sound pulses arrive in the followin 
order: (i) T’’=(l—2£)/2c, (ii) T’=(1+28)/2c, 
(iii) ZT’ =(31—28)/2c, (iv) T’=(31+28)/2c, 
(v) 7’ =(5l—2£)/2c, and so on. The sequence 
repeats itself with period //c in this particular 
case and 2//c in the general case, where s and ¢ 
may not be //2. It is not necessary that the 
initially positive direction and the initially 
negative direction pulses arrive alternately, 
For instance, if s<//2 and £=//2, the sequence 
will be (i) T’=(J—2s)/2c, (ii) T’=(/+2s)/2c, 
(iii) T’’=(3l—2s)/2c, (iv) TT’ =(31/+2s)/2c, 
(v) T’=(5l—2s)/2c, and so on. The pulses in 
each direction always go by pairs with a separa- 
tion 2s/c. 


V. Views FROM GEOMETRICAL ACOUSTICS 


The above results are exactly what one expects 
from geometrical acoustical considerations. If 
an impulsive sound source is introduced at the 
position x=s, sound pulses will travel in both 
directions. Let us say that, at the beginning, 
the pulse 1 travels in the positive x direction and 
the pulse 2 travels in the negative x direction. 
After an interval (J—s)/c, the pulse 1 arrives at 
the wall 2 (at x=/), is reflected and its direction 
of propagation is reversed. Thereafter it will 
reverse its direction of propagation again in 
intervals //c; similarly for the pulse 2. To an 
observer at x=&, the pulse 1 first arrives from 
the direction of the wall 1 (at x=0) at the 
moment t=(&—s)/c if &>s. Then, after a 
reflection by the wall 2, it comes again to the ob- 
server at t=(&—s)/c+(2(l—&))/c=(21—s—8&)/c 
and then at t=(2/—s—£)/c+2&/c=(2/—s+8)/c 
from the wall 1, and so on. Similarly, the pulse 
2 arrives first at t=(s—&)/c from the wall 2 
(if s> ) and then at t=(s—£&)/c+2é/c=(s+8)/c 
from the wall 1, at t=(s+é&)/c+2(1-—8)/¢ 
=2(1+s—£)/c from the wall 2, and so on. 
Therefore, combining these two series of pulse 
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arrivals, the observer receives a pulse from the 
direction of the wall 1 at each of the instants 


(g—-s)/c, (21—s+£)/c, see, 


(s+é)/c, (21+s+8&)/c, 


or at 
T’ =(2ml4s+£)/c (26) 


and there is a pulse arriving from the wall 2 at 
each of the instants 


(s—t)/c, (2l+s—&)/c, <->, 
(2l—s—£)/c, (44—s—£)/e, 
or at 
T” = (2ml+s—£)/c. (27) 


Equations (26) and (27) are exactly what we 
have obtained before. Therefore, for the present 
problem of flutter echoes, one gets the same 
results from both physical and geometrical 
acoustics. 


VI. DIRECTIONAL EFFECT OF FLUTTER ECHOES 


From the above considerations, the flutter 
echoes travel in both directions and are not 
directional at all. The fact that they appear 
directional to a human observer must be entirely 
due to psychological rather than physical reasons. 
Take the first example considered in IV. If é is 
very small, each pulse coming to the observer 
from the wall 2 (at the instant designated by 7”’’) 
is closely followed by a pulse from the wall 1 
(at the instant designated by 7”), the interval 
is only 2&/c (Fig. 2(i)). After a longer interval, 
([—2)/c, there comes another pulse from the 
wall 2 closely followed by another pulse from 
the wall 1, and so on. In Fig. 2, a prime indicates 
that the pulse is traveling in the positive x 
direction and a second prime that the pulse is 
traveling in the negative x direction. The 
positive direction pulses always follow closely 
the negative direction pulses in this particular 
case. This relation makes the ears of the observer 
feel that all pulses are coming from the wall 2 
(or traveling in the negative x direction) on 
account of masking or some other mechanism 
similar to that which enables binaural localiza- 
tion by temporal difference.'"* The intensive 


8 Cf., e.g., S.S. Stevens and H. Davis, Hearing, Its Psy- 
chology and Physiology (McGraw-Hill, 1938), p. 173; O. 
Klemm, Arch. f. Ges. Psychol. 40, 117 (1920); O. C. 
Trimble, Am. J. Psychol. 41, 564 (1929). 


factor for the localization probably does not 
play a very important role in the present case,* 
because the intensity difference between succes- 
sive pulses is rather small even when the walls 
are slightly absorbing. The fact that the direc- 
tional impression on the observer exists even 
when ¢ is close to 1/2 seems to indicate that the 
pulses 1 and 2, as differentiated in V, do not 
mix in making impressions on the ears. Thus, 
if — is less than //2, the pulse 1 sounds as if it 
always comes from the wall 2 on account of the 
smaller interval 2~/c between its arrival from 
the wall 2 and its next arrival from the wall 1; 
and the pulse 2 also sounds as if it always comes 
from the wall 2 for the same reason. The flutter 
echoes will be judged as originating from the 
wall 2, although a pulse from the wall 1 may be 
followed immediately by another pulse in the 
opposite direction but belonging to another 
system. This directional impression exists even 
when the pulse arrivals are so close that a 
continuous tone is heard by the ears as the result 
of persistence of auditory sensation (this happens 
in case of small wall separations, say, of less than 
ten feet). Psychologically the flutter echoes 
always originate from the farther wall to any 
observer. 

The above consideration has been based on 
the assumption that the sound pulses are so 
short that there is no interference between them, 
that is to say that f9<l/c. If this assumption is 
not true the interference of the pulses will build 
up the normal modes of vibration between the 
walls and no distinct pulses will be perceived by 
the observer. This is why the fluttering is only 
excited by impulsive sound sources, a longer 
continuous sound oaly excites the normal modes 
of vibration. 











TABLE I. 
WALL SEPARATION, | Ti c=21/T1 
6.93 feet 0.0123 sec. 1127 ft./sec. 
11 .0200 1100 
16 .0282 1135 
20 .0357 1120 








* The fact that an observer with one impaired ear judges 
the flutter echoes differently under some special conditions 
means that the intensive factor does play some part in the 
localization, 
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VII. EXPERIMENTAL INVESTIGATIONS 


That the fluttering between two parallel walls 
is due to multiple echoes has been verified 
experimentally by examining the oscillogram of 
the flutter. The flutter echoes are picked up by 
means of a crystal microphone and afterwards 
amplified and recorded on a moving film by the 
aid of a-string-type oscilloscope. Timing is 
provided by the 60-cycle power source supplied 
to a separate element in the oscilloscope. The 
microphone, taking the place of the observer, 
is placed at x=£ The sound pulses, usually 
produced by handclaps and sometimes by 
striking of rubber or wood pieces, originate from 
the position x=s. 

Several wall separations have been used. A 
reverberation chamber of 20X19 X 16 feet is used 
for the wall separations 20’ and 16’ by covering 
the undesired walls heavily with absorbing 
materials (for the most part, rock wool). Wall 
separations of 11’ and 6.93’ are supplied by a 
long lane. Many different values of s and & have 
been used for each separation and the results all 
agree with the theoretical prediction. 

The sequence of pulses received by the 
observer repeats with a period of 7,;=2l/c. T; 
can be read directly from the oscillogram and / 
measured with a tape. Thus the present investi- 
gation furnishes a means of determining the 
velocity of sound, c. The results are tabulated 
in Table I. Under the experimental conditions, 
the values are considered to agree quite well 
with the accepted value of 1125 ft./sec. at 19°C. 
In these results the measurements of / and 7, 
are not accurate enough and the temperature is 


Fic. 3. Oscillogram of flutter. 
ing, /=20’, s=t=10’, 


not recorded. There might be large temperature 
variations during the progress of the experiments 
which are performed outdoors as well as indoors, 
and during daytime as well as at night. 

An interesting phenomenon has been observed 
in the case /=20’ and s=£=10’. The pulses 1 
and 2 start out in opposite directions at first, 
then come back to the observer together after 
each interval of l/c. If s=&=//2 exactly, the 
pulses will come back in phase and reinforce one 
another. But if the relation is only approximately 
true, there will be interference between the 
pulses when they arrive together at the micro- 
phone and cancellation as well as reinforcement 
will result from time to time. Figure 3 gives the 
oscillogram for such a case. The vertical lines 
above the escillogram indicate the pulse arrivals. 
T here are two series of such lines: at the instants 
indicated by the upper series of lines the pulses 
arrive from certain directions and at the instants 
indicated by the lower series of lines from the 
opposite directions. During most of the time, 
the pulses are approximately in phase when they 
arrive at the microphone at the instants marked 
by the upper series of lines, and they are approxi- 
mately out of phase at the instants marked by 
the lower series of lines. It is interesting to note 
in the later series how the pulses gradually 
become entirely out of phase and then come into 
phase again. Further, the oscillogram seems to 
indicate that the microphone is off center of the 
two walls by approximately } (2m+1) times the 
wave-length \ of the sound pulses, m being an 
integer. This point is easily understandable; it is 
because of the fact that the pulses are almost 
reinforcing and canceling one another alternately 
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in the second half of the oscillogram. After each 
reflection a path difference of |/—2€| is intro- 
duced. The above condition requires that the 
path difference is an odd multiple of a half wave- 
length, v2z., 


\J—2£| =(m+3)a, 


m= zero or integer 


or 


(1/2—&| =} (2m+1)aA (28) 


which is the distance of the microphone from the 
center of the walls. 


VIII. CONCLUSIONS AND REMARKS 


The fluttering between two parallel walls is 
due to multiple echoes and hence it can only be 
excited by an impulsive sound of very short 
duration (compared, of course, to the time 
required for sound waves to travel between the 
walls) ; otherwise the normal modes of vibration 
will be excited. Since speech sounds are impulsive 
in nature, the fluttering is likely to be excited 
by a voice, if the conditions for fluttering are 
satisfied. The directional effect of fluttering is 
merely psychological, resembling the binaural 
localization by temporal difference, the intensity 
factor is important only in special cases. 

Since the sound absorption is a minimum for 
normal and ‘‘grazing’’ incidence on a material, 
in a room, the flutter will persist longer than the 
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diffuse sound, especially when the distance 
between the reflecting walls is longer than the 
“mean free path” in the room. Therefore the 
reverberation time will be prolonged and the 
sound decay in the room will not be logarithmic 
with time when fluttering occurs. To avoid 
these disadvantages as well as the fluttering 
itself, slanting or other irregular walls should be 
used instead of the parallel walls. 

An important conclusion from the present 
investigation is that for simple problems in 
room acoustics, geometrical acoustics agree well 
with physical acoustics. But if the problem is 
less simple, geometrical acoustics fails to give 
the exact condition of interference. Therefore it 
is improper to judge the geometrical and physical 
acoustics in terms of the complications involved. 
If one can combine the ease of the method of 
geometrical acoustics with the exactness of 
physical acoustics or simply make some compro- 
mise between the two, it will be a great advantage 
to all the workers in the field of architectural 
acoustics. 

The author wishes to express his gratefulness 
to Professor V. O. Knudsen who suggested the 
problem to him during his residence at the 
University of California at Los Angeles. He is 
also indebted to Dr. L. L. Beranek of Harvard 
University for reading this manuscript. 
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APFENDIX 


The case of absorbing walls 


In the foregoing treatment, perfectly reflecting walls have been assumed. In case of absorbing walls one needs to make 
a few alternations. Let the complex specific acoustic admittance of the walls be Y. The boundary condition (2) will take 





the form 
—u/p=Yatx=0, u/p=Y at x=l, (29) 
where 
1 fap 
aia 30 
u _ | att (30) 
is the particle velocity. With the boundary condition (29), the solution of the wave equation (1) will be 
Pn=P2(x) exp (jon—kn)t, (31) 
where 
P,,(x) =cosh [(Rn— jwn)x/ce— Yn] (32) 
and 
=5( = phase snaie of a) 
@n =7\" — phase angle of ~— V pc)’ 
buarS tegy| Soe | m=i,2,-<:, (33) 


l |1—Yopc 


¥,.=tanh™ Ypc=} 





1+ Yoc 
loge ( - re): 


By using the same method as above, the transient vibrations excited by the application of a sound source at x=s 


from t= —to to =0 can be found as 
_29200 5 | _Pa(s)Pa(x) 
Pe TT tmpl Gom—ha)*/ Go) — jo | 


! 
——| exp (—Rpt)(An COS wat + By sin wyl), (34) 
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where 


An=cos 0,—exp (—Rato)[cos (wlo— On) COS wnto 
+[ (an? +n?) /wwn ] sin (wlo— On) SiN wWalo— (Rn/wn) COS (wlo—On) sin wolo ], 

















2 2 
B,= _ oat thet sin 9, — 2 cos 0, +exp (—Rato)| cos (wlo— On) Sin wnto 
WWn Wn 4 a (35) 
we het sin (wto— On) Cos we. cos (wtp— On) cos wnto, 
P(x) _ ” 
a Px(s)Pa(x 
6, = phase angle of ash iet de 
Substituting in the values of A, and B,, Eq. (34) can also be written as 
2 2 2 
p= 700 Oey Gan aa oe [exe (—kat){ cos On COS wnt — (ont* sin anes cos an) sin ont 
otk? . Rn , 
—exp [—kn (t+to) ] cos (wto— On) cos wn(t+to) + ao - sin (wto— On) ile cos (.to—6,)) sin wn(t+to) . (36) 


In the derivation of the above equation it has been understood that k,? is very small compared to w,? and w’, otherwise 
the difference® between the P,,’s for free vibrations and forced vibrations should be taken care of and Eq. (36) will take 
a slightly different form. Under the same assumption, it can be shown that, if fo is small, Eq. (36) is the series expansion 
of the following function 











p = 9c at % cos ol? —— =***), — cloSct — (2hl—s +x) <0, | 
or ’ 
Ce 5c int P cos w(t ma), —ctoSct — (2hl—s—x)=0, | 
and lca | ; 
oe 4c = i a ee w(t"), —ctoSct — (2kI+s+x)=0, f (37) 
or Me? 
S 5c | ize P cos w(t = ac"), —cloSct — (2kl+-s—x)=0, 
and 


0, elsewhere, 


where h, k = zero or integers. Evidently Eq. (37) represents two sound pulses, each of length fo. An observer at the position 
x will hear a series of gradually weakening pulses of the original frequency of the exciting sound. The intensity of the 
sound pulse received by the observer depends on the number of reflections it has suffered from the walls; after each 
reflection the sound pulse pressure is reduced by a factor 


1— Yoc | 
1+ Yopc | ‘ 
which is just as expected by geometrical acoustics. 


In the above derivation, it has been assumed that the wall admittance is the same at both walls. The method can be 
readily extended to the case of dissimilar wall admittances. 
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A Cinematographic Study of the Conduction of Sound in the Human Ear* 


H. G. Kosrak, M.D. 
Division of Otolaryngology, University of Chicago, Chicago, Illinois 
(Received August 1, 1941) 


HE human ear is a most remarkable 
T mechanical system. It is a very complicated 
device which conducts vibrating motions and 
transposes them into auditory sensations. In the 
past the mechanical properties of the ear as a 
sound conductor were mostly studied by ana- 
tomical methods. Careful anatomical measure- 
ments of the various ear structures were carried 
out. Then the more or less theoretical attempt 
was made to correlate anatomical data with 
known mechanical principles, on the assumption 
that they hold true in a system like the ear. In 
the present study an attempt was made to 
inspect and observe the ear directly at its work. 
Three general difficulties had to be overcome. 
First, the anatomical structures of the ear which 
are enclosed in dense bone had to be exposed. 
Second, the smallness of the anatomical entities 
necessitated magnification to a size more suitable 
for observations. Third, the rapid acoustic 
motions had to be slowed down in order to 
permit detailed studies of the vibrations. For 
practical reasons the studies were begun on fresh 
human cadaver specimens. But it may be said 
that observations on the living appear in the 
realm of possibility. The motion picture film 
was a suitable recording device. In addition 
other methods of optical recording have been 
used. It is impossible to offer in a printed paper 
the perceptive material presented by a movie 
film. This publication is necessarily confined to a 
description of the experiments, to a discussion of 
the method and an outline of its possibilities. 

When fresh cadaver specimens are used for 
experiments the following post-mortem changes 
have to be taken into consideration. First, im- 
mediately after death the nerve cell structures in 
the inner ear disintegrate. This change is confined 
to very small tissue-entities and obviously does 
not interfere with experiments on the middle 
ear apparatus. Secondly, the elastic qualities of 


*This work was done in part under a grant from the 
Douglas Smith Foundation. 


the ear drum, ligaments, articulations and 
cochlear windows have to be studied as to post- 
mortem changes. Physiological observations on 
the elasticity of blood vessels have shown that 
there are no important changes in the fresh 
cadaver specimens as compared with the elas- 
ticity of the living blood vessel. In the case of 
the ear it has not been possible to study the 
elasticity of the ligaments or cochlear windows 
in the living. However, the volume elasticity 
coefficient of the ear drum has been measured in 
the living and found identical with that of fresh 
cadaver specimens. Frank measured the volume 
elasticity coefficient of the ear drum by placing 
a water column in the outer ear. The displace- 
ment of the water column due to pressure 
changes was measured. Since the walls of the 
outer auditory meatus and the water column can 
be considered incompressible the volume of 
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Fic. 1. View of ossicular chain from above. The bony 
roof of the middle ear cavity is removed. In this exposure 
the vibrations of malleus and incus around the ‘Axis 
Ligament”’ (Helmholtz) can be seen. The movie demon- 
strates that the axis is not constant. (In this picture the 
exposure of the stapes region is more extensive than in the 
movie picture fim.) 
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displaced water can be considered equal to the 
volume of bulging on the drum. 

The third and most important difference 
between the living and the dead ear is the 
absence of the muscle activity. The two middle 
ear muscles, the tensor tympani and the sta- 
pedius, maintain a constant tonus as well as 
regular reflex contractions during life. In our 
cadaver specimens we tried to imitate the muscle 
activity by an artificial pull on the muscle belly. 


Head of hammer 


Long process 


of incus 
Handle of hammer 
Stapes Ear drum 
Umbo 





Fic. 2. View of the middle ear demonstrating the lever 
system of the ossicles. 


Technically this procedure is easily accomplished. 
After exposing the bony cavities in which both 
muscles are hidden, a fine silk thread is wound 
around the muscle belly. The silk goes to a pulley 
and connects with a weight. The constant pull 
imitates the muscle tonus. Additional weight 
produces conditions similar to a tetanic muscle 
contraction. The amount of artificial muscle pull 
used in our experiments is admittedly only a 
rough estimate. In the rabbit the pull of the 
tensor tympanic muscle was measured during 
reflex contraction. For the human ear we do not 
possess actual measurements but may be guided 
by the number of muscle fibers of the muscle as 
counted under the microscope. 

For the analysis of the acoustic vibrations the 
“slowing down”’ of the speed of movements is 
very essential. The most logical method is the 
stroboscope. However, technical difficulties, espe- 
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cially the question of proper illumination, were 
greater than anticipated. Therefore slow motion 
exposures were taken. With 64 frames per second 
the procedure is fairly satisfactory for low tones. 

The action of the various parts of the sound 
conducting system can be studied best by dif- 
ferent anatomical exposures. The ear drum js 
best observed through a hole in the anterior wall 
of the outer auditory canal. Nearly all of the pars 
tensa can be visualized and the amplitude of 
vibration can be estimated at the umbo. For an 
inspection of the ossicular chain the roof of the 
middle ear cavity was removed and the ossicles 
observed from above. This gives a good view of 
malleus and incus, the articulation between the 
two ossicles, and the ligaments which Helmholtz 
described as “Axis Ligaments,” (Fig. 1). A 
side view shows the lever system of the ossicles 
and the important incudo-stapedial articulation 
in which the lever movements of the two lateral 
ossicles are changed to the ball crank movements 
of the stapes (Fig. 2). A third exposure (Fig. 3) 
visualizes the cochlear windows. The sound 
stimuli used in the movie were produced in B. F. 
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Fic. 3. View of the oval and round windows. 


generator, amplified and delivered by a loud- 
speaker. The loudspeaker was covered by a glass 
funnel which by means of a rubber tube directed 
the tone into the outer ear of the specimen. 


SUMMARY 


Ear drum, ossicular chain and cochlear windows 
can be exposed and optically enlarged to such an 
extent that their vibrations can be seen “at 
work”’ during sound conduction. It can be dem- 









































on: 
fur 
col 
de! 


an 


were 
otion 
cond 
Ones, 
ound 
dif- 
M is 
wall 
pars 
le of 
or an 
f the 
icles 
W of 
1 the 
holtz 
). A 
sicles 
ition 
teral 
lents 
g. 3) 
ound 
B. F. 


ead of 
e 
apes 


romon- 
ry 


ound 
indow 


oud- 
glass 
cted 


dows 
‘h an 


at 
dem- 


CINEMATOGRAPHIC STUDY OF OSSICULAR MOTION 181 


onstrated in a movie picture film that the 
function of the middle ear apparatus is very 
complex and by no means uniform. There is a 
definite difference between the recording of low 
and high tones. There is an outspoken resonance 


zone in the middle range. For moderate inten- 
sities an increase of a tone intensity is followed 
by a corresponding increase of ossicular ampli- 
tude. A change of the axis of ossicular vibrations 
is observed in higher intensities. 
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The Effect of Middle Ear Pressure upon Distortion* 


ERNEST GLEN WEVER, CHARLES W. BRAy, AND MERLE LAWRENCE 


9; ais VOLUME 33 


Princeton University, Princeton, New Jersey 


ARLIER experiments have revealed the 
nature of distortion in the auditory mecha- 
nism, and have provided evidence on the site of 
the distortion process.' When pure tones are 
applied to the ear its activity, as revealed by the 
electrical potentials of the cochlea, is not alwaysa 
true representation of the stimuli. When the 
intensity is even moderately great the observed 
response is distorted: it contains new frequencies, 
not present in the applied stimuli, and is non- 
linear in its relation to stimulus intensity. 

The principal locus of the distortion process 
appears to be the inner ear, and not the middle 
ear as commonly supposed. When the peripheral 
portion of the transmitting apparatus is elimi- 
nated, and stimuli are applied through a vibrator 
in contact with the stapes, the pattern of dis- 
tortion is substantially unchanged. 

The above observation does not mean that 
distortion is wholly absent in transmission by the 
middle ear, but rather that it is small with 
respect to that which follows, in the cochlea 
itself. No transmission is perfect, and our con- 
ception of the quality of a system depends upon 
its performance in relation to other elements, and 
upon the general conditions. It appears that the 
middle ear is well-adapted to its acoustic role, 
and under usual conditions, for the range of 
frequencies and intensities encountered in normal 
hearing, it operates with high fidelity. 

Under other than normal conditions the fidelity 
of action of the middle ear will not necessarily be 
preserved. The present experiments are con- 
cerned with the effect of middle ear pressure upon 
the distortion process, and show the degree to 
which the transmission system can maintain its 


*From the Princeton Psychological Laboratory. This 
research was aided by a grant from the Rockefeller 
Foundation. 

1E. G. Wever and C. W. Bray, ‘‘Distortion in the ear as 
shown by the electrical responses of the cochlea,’’ J. Acous. 
Soc. Am. 9, 227-233 (1938); E. G. Wever, C. W. Bray, and 
M. Lawrence, ‘‘The locus of distortion in the ear,” J. 
Acous. Soc. Am. 11, 427-433 (1940); ‘“‘The origin of 
combination tones,” J. Exper. Psych. 27, 217-226 (1940); 
“The interference of tones in the cochlea,” J. Acous. Soc. 
Am. 12, 268-280 (1940). 
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quality in the presence of unusual stresses and 
deformations. 

Distortion in the ear is manifested phenome. 
nally in several ways. Three of its products are 
considered here: overtones, combination tones, 
and interference. Overtones appear in the elec. 
trical responses of the cochlea when the ear js 
stimulated with a pure tone, and they attain 
considerable magnitudes when the stimulus in- 
tensity is great. Similarly, stimulation by two 
pure tones gives a series of combination tones, 
which represent a transformation of stimulus 
energy into components whose frequencies are 
sum and difference combinations of the primaries 
and their multiples. A further result of the 
interaction of two tones is interference, which is 
shown as a reduction in the cochlear response to 
one tone due to the simultaneous presentation of 
another. 

In the present experiments, measurements 
were made of overtones, combination tones, and 
interference under normal conditions and during 
the application of pressure to the middle ear. 
Previous experiments have shown that raising 
the pressure in the middle ear cavity greatly 
reduces the magnitude of cochlear responses, and 
that this reduction is due principally to im- 
pairment of transmission by the middle ear 
apparatus.” 


PROCEDURE 


The experiments were carried out on cats 
which were first anesthetized with Dial and then 
curarized to the point at which respiration and 
pinna reflexes ceased. This degree of curarization 
insures the inactivity of middle ear muscles, as 
earlier tests have shown. The animal was main- 
tained by artificial respiration. 

Tonal stimuli were delivered by a loudspeaker 
operated from two audiofrequency channels. A 
tube from the loudspeaker made a tight junction 
with the animal’s ear. 

2E. G. Wever, C. W. Bray, and M. Lawrence, ‘The 


effects of pressure in the middle ear,” to appear in J. Exper. 
Psych. 30, Jan. (1942). 
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EFFECT OF MIDDLE 


Absolute values for stimulus intensity were 
determined through comparison with other meas- 
urements and are approximations which are con- 
sidered sufficiently accurate for the purposes of 
the experiment. The electrical potentials of the 
cochlea, which were used as an index of the 
action of the ear, were picked up with a silver foil 
electrode on the round window membrane. After 
amplification, these potentials were observed 
with a General Radio Type 736-A wave analyzer. 

Pressure was introduced into the cavity of the 
middle ear through a 5-mm hole drilled in the 
bulla. A rubber stopper fitted to this hole passed a 
glass cannula which was connected through a 
rubber tube to the pressure apparatus. A second 
hole in the bulla, 2 mm in diameter, contained a 
stopper through which ran the wire from the 
electrode on the round window membrane. 
Further details of the technique are given in the 
report already mentioned.? Results were obtained 
on seven ears. 


RESULTS 


Effects upon overtones 


As already suggested, a pure stimulus tone of 
sufficient intensity produces a complex form of 
cochlear response which on analysis yields a long 
series of harmonics. The greater part of this 
response is represented by the early components, 
so that but a few are required to indicate the 
general nature of the pattern. For present pur- 
poses only the first five harmonics are considered. 
Figure 1 shows results for a stimulus of 1000~ 
under normal conditions and with a middle ear 
pressure of 20 mm of mercury. The curves for 
normal or zero pressure are drawn in solid lines, 
and those for 20 mm of pressure in broken lines. 
The number near the top of each curve shows the 
order of the harmonic; thus ‘‘1’’ indicates the 
fundamental of 1000~, ‘‘2’’ the second harmonic 
of 2000~, and so on. 

The effect of middle ear pressure is greatly to 
reduce the response for fundamental and higher 
components alike. This reduction may be com- 
pensated for, however, by raising the level of 
stimulation. The functions, therefore, appear as 
shifted to the right along the abscissa. For the 
fundamental, this shift amounts to about 27 db, 
while for the overtones it varies from 24 to 30 db. 


EAR PRESSURE ON DISTORTION 
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All ears studied showed the depressive effect of 
middle ear pressure upon sensitivity. They 
differed, however, in the amount of this change 
and in the relative effects upon the various com- 
ponents. Sometimes the overtones were affected 
relatively more than the fundamental, sometimes 
less, and at other times there was no substantial 
change. The largest changes observed were about 
6 db. In the ear illustrated the overtones are 
relatively diminished. 

In this connection it should be pointed out that 
under conditions of normal pressure the harmonic 
content of the cochlear response is subject to 
moderate variations. It appears that the system 
is somewhat unstable at the required stimulus 
intensities even in its undisturbed state. Under 
the influence of pressure this instability con- 
tinues, and may even be enhanced. This influence 
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Fic. 1. Effect of middle ear pressure on the harmonic 
pattern. Solid lines represent the normal condition, and 
broken lines a pressure of 20 mm Hg. The numbers near the 
tops of the curves indicate the order of the harmonic. 
Cat No. 431 L. 
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Fic. 2. Effect of middle ear pressure on the first order 
summation tone, h+/=3800 . Solid lines are for zero 
pressure, and broken lines for a pressure of 20 mm Hg. 
Cat No. 425 L. 


of the pressure may be exerted in the middle ear, 
where the pressure has its main effect, or in the 
inner ear, which is likewise subjected to me- 
chanical changes. These inner ear effects are 
slight, but may be sufficient to account for the 
moderate variations found. 


Effects upon combination tones 


As previously reported, the magnitude of the 
combination tones bears a systematic relation to 
the intensity of each of the two primary stimuli.’ 
If one primary is constant while the other is 
varied in intensity, the combination tone first 
rises regularly according to a power function 
whose exponent varies with the order of the 
combination tone, and finally passes through a 


3E. G. Wever, C. W. Bray, and M. Lawrence, ‘‘A 
quantitative study of combination tones,” J. Exper. 


Psych. 27, 469-496 (1940). 
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Fic. 3. Effect of middle ear pressure on a second-order 
difference tone, 2h—1=4600 . Solid lines are for zero 
pressure and broken lines for a pressure of 20 mm Hg. 


Cat No. 425 L. 


maximum. In the presence of middle ear pressure 
these relationships remain. 

Figures 2 and 3 present representative results. 
Figure 2 shows measurements on the first order 
summation tone of the form h+/. The stimulus 
tones were 2800~ and 10007, and hence the fre- 
quency of the summation tone was 2800+1000 
= 3800. Functions for the primaries are shown on 
the left; for these the abscissa represents the 
intensity of the appropriate stimulus tone in db 
relative to an arbitrary response level. The 
remaining curves are for the summation tone of 
3800~, plotted with the 2800~ tone as abscissa 
and the 1000~ tone as parameter. The number 
near the bottom of each curve indicates the 
intensity of the 1000~ tone. The solid curves are 
for zero pressure, and the dashed curves for a 
middle ear pressure of 20 mm of Hg. 

The two sets of curves are similar in form, and 
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differ only in their location with respect to 
stimulus intensity. 

Figure 3 shows results for a second order 
difference tone of the composition 2h—/ or 
5600 — 1000 = 4600. The arrangement is similar to 
that of the preceding figure. Again the solid lines 
represent the normal condition and the dashed 
lines the presence of 20 mm of pressure in the 
middle ear. As in the previous instance, these sets 
of curves differ merely in their location with 
respect to stimulus dimensions. 

Various other combination tones have been 
studied in like fashion. No obvious difference in 
the forms of the functions has been revealed. It is 
concluded therefore that apart from the reduc- 
tion of sensitivity the combination tone pattern 
is not significantly altered by the introduction of 
pressure into the middle ear. 
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INTENSITY IN DB 
Fic. 4. Middle ear pressure and interference. The 
abscissa shows the intensity of the interfering tone of 3000 , 
and the ordinate the response obtained to a 1015 stimulus 
at an intensity which is constant for each curve. Three 
conditions of pressure are represented, as shown by the 
numbers on the curves. Cat No. 427 R. 


Effects upon interference 


Results of the study of the relation between 
middle ear pressure and the phenomenon of 
interference are shown in the next three figures. 
Figure 4 gives functions for a tone of 1015~ when 
acted upon by a tone of 3000~. The intensity of 
the 1015~ tone was adjusted so as to produce a 
response of 100 uv in the absence of the inter- 
fering tone, and was maintained at that intensity. 
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The 3000~ tone was then introduced, and raised 
by steps of 5 db while measurements were made 
of the response to the 1015~ tone. The same pro- 
cedure was followed after the introduction of 
middle ear pressure. Two pressures were em- 
ployed, 10 mm and 50 mm of Hg, as indicated on 
the graph. 

Since after the introduction of pressure the 
stimulus intensity was readjusted to restore the 
response to 100 uv, a compensation was effected 
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RESPONSE LEVEL OF 3000~ TONE 


Fic. 5. Interference as a function of response level. The 
solid line represents zero pressure and the broken line a 
pressure of 50 mm Hg. Cat No. 427 R. 


for the reduction in response to the 1015~ tone 
caused by the pressure. No like compensation 
was made, however, for the 3000~ tone. Hence 
the interference functions for the pressure con- 
ditions are shifted to the right along the abscissa. 
Despite this shift, however, the form of the 
functions is not noticeably different. 

Measurements of the response to the 30007 
tone itself showed that throughout the straight 
portion of its intensity function the shift caused 
by 10 mm of pressure amounted to 9 db, and that 
caused by 50 mm of pressure to 20 db. It will be 
noted that the displacements of the pressure 
curves in Fig. 4 are within 1 db of these values. 

A compensation for the effect of middle ear 
pressure upon both tones can be made by 
plotting the response to the 1015~ tone against 
the response level of the 3000~ tone. This form of 
plot is shown in Fig. 5. The solid line represents 
the normal interference function and the dashed 
line the function in the presence of 50 mm of 
pressure. The two curves are closely similar in 
form, and differ only by about 1 db. 

Further results on the relation of middle ear 
pressure to interference are given in Fig. 6. In 
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Fic. 6. Middle ear pressure in relation to interference and sensitivity. The lowermost 
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curves are equal response functions, while the uppermost are equal interference functions, 


this figure the abscissa represents stimulus fre- 
quency and the ordinate shows intensity in db 
with respect to 1 dyne per sq. cm. The lowermost 
curves are sensitivity functions: they show for 
each of 13 tones presented alone the intensity 
required to produce a response of 10 wv. Lower 
points indicate smaller intensities necessary for 
the standard response and hence represent 
greater sensitivity. Results are given for the 
normal condition and for middle ear pressures of 
10 and 50 mm of Hg. It will be noted that middle 
ear pressure not only reduces sensitivity but also 
alters somewhat the form of the sensitivity curve. 

The uppermost curves are curves of equal 
interference. For each condition of pressure 
(zero, 10, and 50 mm), a tone of 1015” was 
presented at an intensity necessary to give a 
response of 10 uv in the absence of any interfering 
tone. This tone was then acted upon by each of 13 
tones throughout the frequency scale as shown. 
Each of these interfering tones was raised in 
intensity until the response to the 1015~ tone 
was reduced by 5 db. The intensities so de- 
termined are plotted against the ordinate scale. 





each type under three conditions of pressure. Cat No. 427 R. 





(A point is missing at 100~ on the 50-mm curve 
because no consistent readings were obtainable at 
the high intensities required, due probably to 
limitations of the speaker.) 

It is evident that the interference curves follow 
the form of their corresponding sensitivity curves, 
with only minor variations. These results confirm 
previous studies which showed a close resem- 
blance between the frequency functions of sensi- 
tivity and interference. Pressure in the middle ear 
does not alter this relationship in any significant 
way. 


CONCLUSIONS 


The general pattern of auditory distortion, as 
revealed by measurements of overtones, combi- 
nation tones, and interference, is_ relatively 
unchanged after the introduction of pressure into 
the middle ear cavity. When the loss of sensitivity 
is compensated for by raising the level of 
stimulation, the distortion remains similar in 
amount and character to that found under normal 
conditions. 

These observations lend further weight to the 
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EFFECT OF MIDDLE EAR 


evidence already obtained on the locus of dis- 
tortion in the ear. If distortion took place in the 
middle ear we should expect it to be modified by a 
procedure that has so profound a mechanical 
effect as a change in middle ear pressure. As the 
distortion pattern is altered but little under these 
conditions, the present evidence, like that previ- 
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ously reported, indicates the inner ear as the 
chief site of distortion. 

The observations show, therefore, that the 
peripheral conductive apparatus of the ear main- 
tains a high degree of fidelity even under the 
conditions of unusual stress imposed by pressure 
in the middle ear cavity. 
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A Letter from Mrs. Dayton C. Miller 


Dear Dr. Firestone: 


It was most kind of you to send me the letter of appreci- 
ation about Mr. Miller’s contribution to the Acoustical 
Society. I know he always felt an intense interest in its 
activities and greatly enjoyed his association with its 
members. 

I fear my delayed reply and expression of thanks for 
the copy of Professor Stewart’s memorial may appear 
very unappreciative. My 
suffered since work on Mr. Miller’s flute collection was 
begun. It required three months of intensive work to 
prepare it for sending to the Music Division of the Library 
of Congress. Not only were flutes collected, but books, 
works of art and flute music, data on flutists and com- 
posers for the flute, art pictures, autographs, and a great 
amount of material in the form of notes and partly written 
sections for the History of the Flute which he was busily 
preparing; these all were sent to the Library. I suppose 
they will be available to those who are interested in the 
flute. 

Thanking you sincerely for your kind letter and for the 
reprints, I am 


correspondence has greatly 


Yours truly, 
EpitH Easton MILLER 
July 16, 1941 
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Current Publications on Acoustics 


Reviews of Contemporary Papers 


EMBERS who have occasion to translate important papers from foreign journals will be 
doing a real service to those members who do not read the foreign languages easily, if they 
will prepare a review of such articles for publication in this section. 

These reviews should be of the nature of a lengthy abstract (500 to 1500 words) rather than a 
critique or appraisal, and should attempt to set forth in this limited space as much of the original 
author's contribution as possible. One or two figures may be included if desired. 

Particular articles in French or German periodicals will be translated and reviewed in these 
columns by request. Address requests to F. A. Firestone, 147 Randall Laboratory, University of 


Michigan, Ann Arbor, Michigan. 


Tone Spectrum of a Silbermann Organ. W. Lorrter- 
wossER, Akustische Zeits. 5, 324-330 (1940). Since beauty 
of tone quality of the seventeenth and eighteenth century 
organs has been much acclaimed by musicians and since 
previous investigations on organ pipes have been largely 
restricted to individual pipes in the laboratory, a rather 
complete study of an old organ of recognized merit seemed 
to be in order. The present investigation covers the more 
important stops of the organ built by Gottfried Silbermann 
in 1731 at Rheinhardtsgrimma, in Saxony, and includes a 
comparison with an organ possessing the tone quality 
considered ideal about 1900. 

The portable outfit for the study of tone quality con- 
sisted of a dynamic microphone, amplifier, and cathode-ray 
oscilloscope. Since an organ produces a nearly steady tone, 
the wave form on the oscilloscope screen could be traced on 
transparent paper and the components found later by the 
aid of a Mader analyzer. The whole system was duly 
calibrated so that the analysis gave microbars of sound 
pressure for each partial. The microphone was placed 
about one meter from the mouth of the pipe in order to 
minimize the effect of standing waves in the church. The 
tone of flue pipes has slight fluctuations in amplitude, so 
maximum values were recorded. Since the mixture stops 
were not properly tuned, a steady pattern could not be 
obtained from them. 

The great organ is described as having the following 
stops: Principal 8’, Octave 4’, Octave 2’, Quintetén 8’ 
(entirely of tin), Rohrfléte 8’, Spitzfléte 4’, Quinte 3’, a 4 
rank mixture, and a 3 rank Cornet (entirely of tin). With 
the exception of the Quinte and the mixtures, an analysis 
of each of 5 C’s for each stop is given in the original paper. 
Measurements of the pipes showed that the low pitched 
diapasons of the Silbermann organ corresponded to the 
so-called normal dimensions, whereas the higher pitched 
ones were relatively narrower. That this results in the low 
pitched pipes having relatively stronger fundamentals than 
the smaller pipes is borne out by the analyses. However, 
higher pitched stops (such as the Spitzfléte 4’) are not as 
loud as the Principal, and as a consequence good balance 
is maintained when these pipes are used in combination. 
The analysis reveals the relatively stronger odd numbered 


partials from those pipes with closed ends such as the 
Rohrfléte and Quintetén. 

The tone spectrum of the Principal stop is characterized 
by a strong fundamental, followed by a gradual decrease 
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Fic. 1. Tone spectra 
of seven pipes of the 
Principal stop. 
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Fic. 2. Comparison of the tone spectra of corresponding pipes of a 
1900 organ (solid lines) with those of the Silbermann organ (dotted 
lines). 


in amplitude of the next three partials and then a slight 
rise of succeeding ones. See Fig. 1. This fall and rise of 
relative amplitudes is perhaps an identifying feature of the 
Silbermann diapason, which has not been previously 
recorded in the literature. 

In the Baroque period the swell organ was expected to 
be crisp and stinging, and in this instance it comprises 
the following (note only one 8’ stop): Gedackt 8’, Rohr- 
fléte 4’, Nasat 3’, Terz 12’, Octave 3’, Quinte 1}’, Sifflite 1’, 
2 rank Cymbel. Analyses of the 5 C’s from each of these 
stops, excepting the last, are published. Again the odd 
numbered partials from the closed pipes are found to be 
prominent, standing in contrast to the full overtone 
structure of the Siffléte 1’ and Octave 2’. 

In the pedal organ are to be found stops designated as 
follows: Subbass 16’, Principalbass 8’, Posaunenbass 16’ 
(of wood). Analyses of three representative C’s from each 
of these are given in the original publication. In common 
with all pipes with beating reeds, the Posaune 16’ is very 
rich in overtones, although in consequence of a relatively 
low intensity the stop is not particularly obtrusive. 
A coupler makes possible the playing of a Cantus-Firmus 
on the pedal organ with stops from the manuals. 

In contrast to the round full tones of the Silbermann 
organ resulting from the relatively strong fundamental, 
the organ of 1900 is found to be strong in overtones. This 
is illustrated in Fig. 2, which gives a comparison between 
pipes of the two organs (the Gedackt of the former being 
compared with the Bordun). The amplitude of the funda- 
mental is in each case arbitrarily started at 100. The addi- 
tion of a stop rich in overtones to another similarly rich 
produces neither a particularly noticeable change in loud- 
ness or a striking change in tone color. As a consequence 
numerous noticeable changes of tone quality are possible 
on the Silbermann organ from few stops, whereas for the 
same reason an organ of the type of 1900 affords relatively 
fewer significant changes in tone color. 

R. W. YOuNG 


Errors in Light Band Width Measurements on Phono- 
graph Records. RiIcHARD BieERL. Akustische Zeits. 5, 
145-147 (1940). When Buchmann and Meyer first pub- 
lished their method of calibrating phonographic recording 


REVIEWS OF CONTEMPORARY PAPERS 





and reproducing apparatus by means of an evaluation of 
the light reflections from the side walls of modulated 
grooves, they developed the theory of the method and 
gave equations which permitted the determination both of 
stylus-point velocity and recorded amplitude. This work 
has been thoroughly reviewed in this journal.* 

Because of certain objections to the method which have 
been raised by those who apparently are not familiar with 
the original formulation, the author undertakes to recapitu- 
late this and to carry out an exact computation of two 
factors which, in the original formulation, were approxi- 
mations. The first of these has to do with the point of 
maximum band width which moves up and down the band 
continuously as the record is rotated. The error involved 
in measuring the band at any other point is less than } 
percent. 

The other factor in the original formulation involved 
setting cos a (a=slope of the sine wave at the point of in- 
tersection with the axis) equal to unity when the band 
width is small in comparison with the radius. Figure 1 


12 





tf 


10 





shows corrections to be applied when using the Buchmann 
and Meyer equations for ranges of band width and radii 
ordinarily encountered in phonographic practice. Param- 
eters are given as radius in cm. It will be noted that at 
78 r.p.m. and a 4-cm radius the error is less than 3 percent, 
and at 33.3 r.p.m. and a 6-cm radius less than 6 percent. 

J. M. Cowan 

State University of Towa 


* J. M. Cowan, ‘‘A new optical method of measurement for phono- 
graph recordings,’ J. Acous. Soc. Am. 12, 303-307 (1940). 
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A Novel, Highly Effective Sound-Absorbing Arrange- 
ment and the Construction of a Dead Room. E. MEyer, 
G. BuCHMANN, AND A. Scuécu, Akustische Zeits. 5, 352- 
364 (1940). After commenting upon the need for a room 
in which free progressive sound waves may be produced, 
the authors review briefly the theoretical conditions to be 
met, with reference’? to the construction of two such 
rooms. In view of the fire hazard with the materials used 
previously, rock wool in various forms was selected for 
investigation by the tube method. Since highly absorbing 
structures were being considered, the pressure amplitude 
reflection factor R was chosen to describe results, rather 
than the more common energy absorption factor. For 
comparison, it may be remembered that a reflection R= 10 
percent corresponds to an energy absorption coefficient 
a=99 percent. 

After preliminary tests on a commercial board con- 
sisting of rock wool in a bituminous binder, canal-like 
structures were made of this board, giving reflection 
coefficients as indicated in Fig. 1. 

The next step was to taper the width of the canals by 
the use of sound absorbers which were either complete 
wedges or pyramids. Similar absorption was obtained with 
both shapes, and with both rock wool and glass wool. 





Fic. 1. Reflection coefficients for canal-like sound-absorbing struc- 
tures 1 m long; 1—Four sheets fitted into the 40 cm X40 cm end of the 
large tube; 2—six sheets fitted into the 40 cm X40 cm space; 3—double 
system consisting of four sheets projecting 50 cm beyond 50-cm lengths 
tightly packed with rock wool. 
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Fic. 2. Dependence of the reflection coefficient on length of wedge. 


7W. Javonsky and F. Spandick, Akust. Zeits. 2, 322-331 (1937). 
*E. H. Bedell, J. Acous. Soc. Am. 8, 118-125 (1936). 
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Fic. 3. Dependence of the reflection upon distribution of material, 
total mass being kept constant. 


Then came an experiment to determine the optimum shape 
of the sound absorbers, and this time wedges of three 
different lengths were superposed on a layer of compressed 
rock wool 40 cm thick. The wedges were cut from the 
fabricated rock wool board with base dimensions to fit 
the end of the small 14 cm X 14 cm tube. Measurements on 
wedges 15, 30, and 60 cm high are given in Fig. 2. Within 
the limits of this experiment it appears that the reflection 
levels off to its minimum value when the sound wave- 
length is less than } or 3 the height of the “transition” 
wedge. 

With the length kept constant at one meter, various 
proportions of tapered to constant-width section were 
tried. Then the total mass of the sound absorbing unit was 
kept constant and the length proportions varied, with the 
results shown in Fig. 3. In this experiment a 5-cm thick 
iron plate terminated the tube. Note that beyond 150 
cycles with arrangement 4, consisting of a wedge 90 cm 
long and a constant cross section part 25 cm long, the 
reflection amounts to only a few percent. 

A model similar to 3 in Fig. 2 but with the end section 
exponentially tapered was also tried: below 500 cycles it 
reflected more than the same length wedge. Measurements 
on blunt wedges showed a decrease in low frequency re- 
flection but an increase in reflection at high frequencies. 


CONSTRUCTION OF DEAD Room 


The foregoing experiments answered the question of how 
to line the dead room, but there still remained the problems 
of making the room large enough to escape distortion of 
the sound field (particularly at low frequencies), and the 
shape of the room. It was concluded that it would be 
simpler to avoid putting measuring equipment at positions 
of room symmetry than to increase constructional diffi- 
culties and cost with an unsymmetrical room. A rectangular 
building was built which, before being lined, was 16 m 
long, 11 m wide and 9 m high inside, and to which was 
attached a laboratory space 4 mX8 m. 

The fabrication of the sound-absorbing pyramids by a 
molding technique naturally comes to mind but, since 
further development work would have been required, it 
was decided to make them by hand. Following the pro- 
portions shown at 4 in Fig. 3, a pyramidal form was chosen 
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Fic. 4. Construc- 
tion of a sound-ab- 
sorbing unit. 


having a base 15 cmX15 cm, a prismatic portion 15 cm 
high, and an over-all height of 1 m. Figure 4 shows one of 
these gauze-covered sound-absorbing units packed to the 
proper density with a weighed quantity of rock wool. 
Thin wood lath was used for stiffening, more being re- 
quired in those units intended for the floor and walls than 
those for the ceiling. Hooks in the walls received the eves 
which were attached to the sound-absorbing units. The 
main wall was made with hollow blocks laid up with the 
holes horizontal. Cardboard plates at the large ends of the 
sound-absorbing units were perforated so as to permit 
sound to pass on into the holes in these building blocks. 
Including the wood stiffening, each absorbing unit weighed 
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about 2 kg, resulting in a wall load of nearly 100 kg/m: 
To cover the 840 square meters of surface, some 32,000 
absorbing bodies were required, into which went 64 tons 
of rock wool, 18,000 m? of gauze, 24,000 hooks and a 
million pins. The construction of the sound absorbers and 
the lining of the room required the labor of 11 workmen 
for 43 months. About one-half of the original volume of 
the room was occupied by the lining. 

A relatively close mesh grid (which is removable) 1 m 
wide lies lengthwise in the center of the room, the re- 
mainder of the “‘floor’” being covered by a coarse grating; 
see Fig. 5. The door runs on rollers and is covered by the 
same kind of pyramids used elsewhere in the room. 
Suitably lined ventilation ducts are provided. Stiff plywood 
plates can be laid over the floor grating if it is desired to 
experiment with sound producers set in a reflecting wall. 


TESTING THE PROPAGATION OF A SOUND IN THE Roow 


The subjective effect upon a person entering the room 
is striking, both optically and acoustically: it is entirely 
free of reverberation. To test the acoustical merit of the 
room a small nondirectional microphone was arranged on 
a track so that it could be driven by a motor away from 
one of several sound sources, each chosen with regard to 
the frequency range in which it was to be used. By the 


aid of a Neumann high speed level recorder a graphic 


record of the sound pressure at the moving microphone was 
obtained. A potentiometer in the associated amplifier was 
so geared as to increase the amplification in proportion to 
the distance r of the microphone from the sound source. 
In this way the level recorder showed only deviations from 
the simple 1/r law of an ideal spherical sound field. The 
sound field was distorted somewhat at low frequencies by 
wall reflections and at high frequencies by reflections from 


Fic. 5. View of completed room, 
showing track for the moving micro- 
phone. 
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the measuring equipment (which were reduced by felt 
covering), but the intermediate frequency range was quite 
satisfactory. Interference phenomena were easily produced 
by suspending from the microphone track a single re- 
flecting plate 1 meter square. Additional absorption of 
sound was noted when the microphone and sound source 
were near a wall, this, of course, being one of the reasons 
for increasing the size of a room of this kind. 

In Fig. 6 the maximum deviations from the 1/r law are 
shown as functions of frequency for various distance 
ranges, the measuring track being lengthwise of the room. 
Note that, for distances not exceeding 3 meters, an 
accuracy of a little over 1 db is possible, which is adequate 
for many acoustical measurements. If it were not for 
reflections from the measuring apparatus, there would not 
be such large deviations beyond 1000 cycles. A material 
improvement for low frequencies (deviations at 60 cycles 
over the entire 9 meters less than 3 db) can be obtained by 
locating the sound source in a corner of the room. 

The other method used to test the excellence of the room 
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Fic. 6. Maximum deviations from the 1/r law for different distances of 
sound source from microphone. 


was that of sending out short pulses of sound! and recording 
the echo by oscillograph. This test indicated also the 
absence of echoes except at very low frequencies, thereby 
further demonstrating the suitability of the room for 
acoustical measurements in free progressive sound waves. 
R. W. Younc anp O. H. Schuck 


Book Review 


Acoustics. A Handbook for Architects and Engineers. 
Percy L. Marks. Pp. 143. Chemical Publishing Co., New 
York. Price $3.00. 

This book is done in two parts. ‘‘Part I is in the main 
composed of the views of those who have approached the 
subject of acoustics by way of research; the contents of 
Part II are excerpts from literature embodied in the very 
informative booklets issued by firms associated with 
various systems or materials of an acoustical character.” 

As is to be expected from this introduction, the con- 
tents consist largely of quotations, but even a cursory 
examination indicates that these are not selected on the 
basis of any very profound firsthand knowledge of the 
subject on the part of the author. Thus the statements 
“Sound is mostly propagated by waves of vibration’”’ and 
“The velocity of sound through other media than air is 
mostly much more rapid, but in the case of iron it tallies 
very closely’”’ indicate an author whose knowledge of his 
subject is mostly secondhand. One is intrigued with a 
further bit of information to the effect that ‘‘the ear 
perceives on a logarithmic basis, and one hundred instru- 
ments sound only twice as loud as ten; one thousand 
instruments only three times as loud as 100 and so on.” 
The author escapes any responsibility for this latter 
statement by putting it between quotation marks. The 
general problem of the normal modes of vibration within 
closed spaces is neatly, even if not accurately, disposed of 
by the naive statement that ‘“‘This action of resonance 
may also be caused by the air enclosed in a room, so that 
every room has a definite pitch to which it responds; the 
smaller its volume, the higher the pitch,” upon which, 


the shade of Lord Rayleigh would probably comment, 
“Interesting if true.” 

In Part I, all authorities from Vitruvius down to The 
Celotex Corporation are cited, with great catholicity but 
little discrimination. The arrangement is haphazard and 
the terminology is confused. Resonance and reverberation 
are used synonymously, and loudness and noise are treated 
as belonging in the same category, the former being ‘‘the 
unregulated emission of sound,” the latter ‘‘may be taken 
to suggest sound production of a measured nature.” 

Part II comprises description and tables of various 
commercial absorbents, those currently used in England 
compiled from information supplied by the manufacturers. 

Appendix A is an extended quotation from “Acoustics 
of Buildings” by F. R. Watson. Appendix B is a report of 
the British Department of Scientific and Industrial Re- 
search on “The design of concrete floors to reduce the 
transmission of sound.” Appendix C is abstracted from 
government reports giving more or less general considera- 
tion to the acoustic problems in low cost housing. Appendix 
D contains excerpts and some valuable suggestions from 
an article on the acoustic planning of a fifty-four apartment 
tenement house project to be let at moderate rentals. 

On the whole, one is inclined to question the value of the 
text here reviewed as a ‘‘handbook for the architect or 
engineer” with a practical job of acoustical planning on 
his hands. Certainly, from the standpoint of scientific 
accuracy, it is not worthy of the great English tradition 
in the field of acoustics. 

PauL E. SABINE 
Riverbank Laboratories 
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References to Contemporary Papers on Acoustics 





OST of the titles of papers appearing in other languages than English have been translated. 
Abstracts in English of many foreign papers have appeared or soon will appear in Science 
Abstracts, Section A. Where references are made to Science Abstracts, the reference is to the volume 
number and abstract number. The abbreviations of the names of journals are those used in Science 
Abstracts and can be found in any annual index to those abstracts. 
The numbers appearing at the head of each entry are the numbers which identify the subject 
headings in the Cumulative Index of this journal issued in November, 1939. This same Classification 
of Subjects can be found in the index to Volume 12. 


Compiled with the generous assistance of Samuel Sass, Physics Librarian, University of Michigan. 


2. ARCHITECTURAL ACOUSTICS 3.1 Musical Acoustics. E. G. RicHARDSON. Phys. Soc, 
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3.1 Book Review: A Text-Book of Sound by A. B. Wood. 
Phys. Soc., Proc. 53, 323 (May 1, 1941). 


2.1 Determination of Acoustic Characteristics of Halls 
by Optical Experiments. Electronics 14, No. 6, 
119-120 (June, 1941). 

2.1 Development and Current Uses of the Acoustic 
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Eng. 37, 109-114 (July, 1941). 4.1 Hearing. A Critical Review of Recent Literature. 
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2,248,810 
2.1 TELEPHONE BOOTH 


Frank S. Corso, assignor to Bell Telephone Laboratories, 
Inc. 
July 8, 1941, U.S.P.O. Cl. 189-2, 12 Claims. 
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A metallic telephone booth consisting of a base, walls, 
ceiling and folding door. The interior face of the walls and 
ceiling are of perforated metal with a sound-absorbing 
material placed between the inner and outer faces of the 
wall and ceiling construction. 


2,243,369 


2.4 MANUFACTURE OF ARTIFICIAL STONES 
WITH HIGH POROSITY 


Janos Albert, Budapest, Hungary. 
May 27, 1941, U.S.P.O. Cl. 18-48, 8 Claims. 


This patent is a method consisting in preparing a mortar 
containing kieselgur, lime, water and aluminum salt. The 
mixture is poured in molds and hardened in steam. 


2,250,683 


2.4, 7.6 ACOUSTIC MATERIAL 


Cyril A. Slechta. 
July 29, 1941, U.S.P.O. Cl. 154-44, 4 Claims. 
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This is an acoustic product made up of a flat sound- 
absorbing surfaced material. One surface is grooved. To 
this element in the structure a second grooved surface is 
secured with the grooves of the two different elements 
complementing each other to provide sound absorbing 
channels. The elements are in the form of tiles or planking 
with the grooves terminating in the beveled edge portion 
of either the tile or the plank. 


2,241,138 


2.11 RESILIENT SUPPORT 


Maurice Francois Alexandre Julien, Paris, France. 
May 6, 1941, U.S.P.O. Cl. 248-358, 2 Claims. 
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This invention is a resilient mounting for a vibrating 
unit capable of relatively large lateral displacement and 
relatively small displacement at right angles thereto. The 
unit consists of two parallel supporting plates with a layer 
of resilient material connecting same. The two plates with 
the resilient material have an opening through which a 
bolt may be passed for attachment to the vibrating unit. 
Relatively thin metal plates in parallel directions are ar- 
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ranged in the resilient material surrounding the bolt hole, This invention is a mounting arrangement for resiliently 
thus permitting freedom of movement of the resilient block supporting an aircraft engine. The resilient supports which 
in directions parallel to the said plates. comprise the mounting system consist of layers of elastic 


material having surfaces adhering to a part integral with 
2,241,837 the engine support, and surfaces adhering to a part integral 
2.11 DAMPING MEANS with the engine, one layer being in compression and the 


aes . other in tension. 
Alfred L. W. Williams and Joseph J. Neff, assignors to 
The Brush Development Company. 
May 13, 1941, U.S.P.O. Cl. 188-1, 10 Claims. 2,246,323 


2.11 SHOCK AND VIBRATION PROOF 
MOUNTING FOR CONTROL 
APPARATUS 


Walter Schaelchlin, assignor to Westinghouse Electric & 
Manufacturing Company. 
June 17, 1941, U.S.P.O. Cl. 248-358, 12 Claims. 
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2,248,629 


2.11 MACHINE AND SUPPORTING ARRANGE- 
MENT THEREFORE 

















Edwin H. Hull, assignor to General Electric Company 
July 8, 1941, U.S.P.O. Cl. 248-26, 10 Claims. 


SENSITIVITY — MILLIMETERS PER 100 VOLTS 


FRCQUENCY — CYCLES PER SECOND 









A frequency-selective damping device adapted to absorp- 
tion energy selectively forming a vibrating system. 


2,241,093 
4.5 HEARING AID 





2,241,139 Hugo Lieber, assignor to Lieber Patents Corporation. 
2.11 ENGINE UNIT MOUNTING May 6, 1941, U.S.P.O. Cl. 179-107, 2 Claims. 


Maurice Francois Alexandre Julien, Paris, France. 
May 6, 1941, U.S.P.O. Cl. 248-5, 8 Claims. 
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A wearable hearing aid device. 
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2,246,736 
4.5 EAR STOPPER 


Vern O. Knudsen. 
June 24, 1941, U.S.P.O. Cl. 128-152, 12 Claims. 
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This is an ear stopper comprising an elongated, hollow, 
yieldable body adapted to be inserted in the auditory 
canal. A yieldable, solid matter mass closing the inner 
end of the body and a substantially unyielding solid 
matter mass closing the outer end of the body, the last 
named mass being spaced from the yieldable mass to leave 
a closed chamber in the body. 


2,249,572 


4.5 WEARABLE BONE-CONDUCTION 
HEARING AID 


Hugo Lieber, assignor to Lieber Patents Corporation. 
July 15, 1941, U.S.P.O. Cl. 179-107, 2 Claims. 


PATENTS 


2,246,737 
4.5 EAR STOPPER 


Vern O. Knudsen. 
June 24, 1941, U.S.P.O. Cl. 128-152, 15 Claims. 


An ear protector comprising a body to be inserted in 
the auditory passage and formed of yielding material with 
a liquid inertance element carried by the body. 


2,248,837 


4.5 CUSTOM-MADE HEARING AID 
RECEIVER TIP 


Frank D. F. Walters, assignor of one-half to Mabel A. E. 
Walters. 


July 8, 1941, U.S.P.O. Cl. 179-182, 4 Claims. 


2,247,111 
5.1 ACOUSTICAL PROJECTILE 


John C. Batchelor and Frederick A. Lindley, Jr., said 
Lindley being assignor to said Batchelor. 
June 24, 1941, U.S.P.O. Cl. 102-26, 5 Claims. 
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A projectile comprising a housing provided with at least 
one port through which gas may emerge, a source of gas 
under pressure within the housing and a control means for 
alternately and successively opening and closing the port 
to permit periodic release of gas in order to produce 
periodic acoustical waves adjacent to the projectile. The 
opening and closing of the port is on the basis of a pre- 








determined schedule corresponding to the sound waves 
emitted from a vehicle such as a ship, a submarine or an 
aircraft. 

We quote a paragraph of the Patent: “Our invention 
relates to methods of and apparatus for producing sound 
waves at a point remote from a control point, which sound 
waves have a desired psychological, physiological, destruc- 
tive or other effect upon their auditors, or instruments or 
other objects upon which they are incident.” 


2,251,436 


5.9 VIBRATION MEASURING AND RECORDING 
APPARATUS 


George P. Bentley and Chas. S. Draper, assignors to 
Research Corporation. 
August 5, 1941, U.S.P.O. Cl. 171-209, 3 Claims. 
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This invention is a means for converting energy of 
vibratory mechanical motion in a given direction into an 
electrical energy. This patent provides for the measure- 
ment of both the amplitude and frequency of the vibration. 

2,247,663 
5.9 ELECTROACOUSTICAL APPARATUS 


Harry F. Olson, assignor to Radio Corporation of America. 
July 1, 1941, U.S.P.O. Cl. 181-31, 14 Claims. 
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Highly directional sound translating device or micro- 
phone by which it is possible to pick up sounds over long 
distances. 


2,242,953 


5.10 LISTENING HELMET FOR 
SOUND LOCATORS 


Frank R. House, assignor to Sperry Gyroscope Company, 
Inc. 
May 20, 1941, U.S.P.O. Cl. 181-26, 3 Claims. 
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This is a patent on a head piece for sound locators. It 
consists of a metallic dished oval plate arranged to cover 
the entire ear of the user. The plate is convex in shape and 
of such curvature as to give a substantially close fit to the 
head of the listener. To the plate is connected a sound- 
conveying tube. Within this tube is a second tube, one 
end of which is engaged in the ear canal. The inner surface 
of the dished plate is covered with a layer of sound- 
absorbing material and has a soft padding around the 
edge of the plate to keep out extraneous noises. 


2,238,991 
5.10 MEASUREMENT OF SOUND VELOCITIES 
IN STRATA TRAVERSED BY BOREHOLES 


Raymond T. Cloud, assignor to Stanolind Oil and Gas 
Company. 
April 22, 1941, U.S.P.O. Cl. 181-0.5, 3 Claims. 





Apparatus for determining the velocity of sound in the 
strata traversed by a cased well, comprising a means for 
generating and receiving sound waves. In seismic prospect- 
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ing it is extremely desirable to ascertain the actual veloci- 2,247,731 
ties of sound in the various strata below the surface of the 5.16 CABINET FOR HOUSING SOUND- 
ground because in interpreting the field data showing the REPRODUCING APPARATUS 


times at which the various reflections take place, actual . ; : ; 

depths depend upon the velocities as well as the times Harry F. Olson, assignor to Radio Corporation of America. 

nechved. July 1, 1941, U.S.P.O. Cl. 274-2, 14 Claims. 
2,243,090 

5.16 SOUND RECORD 


Homer W. Dudley, assignor to Bell Telephone Labora- 


tories, Inc. 
May 27, 1941, U.S.P.O. Cl. 179-100.4, 1 Claim. 
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FREQUENCY IN CYCLES PER SECOND FRECUENCT MW CTCLES PER GECONO 
2.247.746 This invention is an improvement of that disclosed in 
2b Patent No. 2,247,746 (noted above). The date of applica- 
5.16 CABINET FOR PHONOGRAPHS tion for Patent No. 2,247,746 was June 29, 1940. The date 


Alexander D. Burt, assignor to Radio Corporation of of application of this patent was July 31, 1940. 
America. 
July 1, 1941, U.S.P.O. Cl. 274-2, 11 Claims. 2,245,724 


5.17 VOICE SILENCER 


Louis S. Scher. 
June 17, 1941, U.S.P.O. Cl. 181-34, 12 Claims. 














A cabinet for housing sound-reproducing apparatus com- This invention relates to voice mufflers or silencers for 
prising a body portion and a hinged-cover portion. The _ the “hand set” type of telephones. This voice muffler com- 
body and cover have parts which overlap when cover is prises a hollow body formed of two separable members, 
closed providing at least one cavity constituting an acous- sound-absorbing means carried by one and a rigid mouth 
tic capacitance. piece carried by the other. 
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2,236,568 
5.17-5.4 RECEIVER CAP ACOUSTIC FILTER 


Robert C. Edson, assignor to Bell Telephone Laboratories, 
Inc. 


April 1, 1941, U.S.P.O. Cl. 179-182, 5 Claims. 
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A telephone receiver cap for conveying sound from the 
diaphragm of the receiver to the ear of the user. The 
receiver includes within it a channel for the sound and a 
plurality of cavities, each of which has a single opening 
only communicating only with the sound channel. The 
dimension of the channel, the cavities and the openings 
being proportioned to impart desired band-pass frequency 
selective properties. 


2,247,960 
5.19 TUNING FORK 


Simon Eugene Michaels, assignor to Bell Telephone 
Laboratories, Inc. 
July 1, 1941, U.S.P.O. Cl. 84-409, 8 Claims. 
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2,241,282 
6.1 MUSICAL STRING 


Lewis Edward Wackerle. 
May 6, 1941, U.S.P.O. Cl. 84-297, 3 Claims. 
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2,247,710 


6.6 MECHANISM FOR PIANOS 
Arthur H. Morse and Charles Pieper, assignor to the 


Baldwin Company 
July 1, 1941, U.S.P.O. Cl. 84-240, 6 Claims. 
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2,247,998 


6.6 PIANO ACTION 


Arthur Edward Healey, Camden Town, London, assignor 
to Herrburger, Brooks, Ltd. 
July 1, 1941, U.S.P.O. Cl. 84-240, 4 Claims 
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2,251,546 


6.9 SOUND AMPLIFICATION METHOD 
AND DEVICE 


Herbert K. Neuber. 
August 5, 1941, U.S.P.O. Cl. 177-7, 23 Claims. 





This invention relates to an electrical device for repro- 
ducing and amplifying the vibrations of non-magnetic 
objects capable of producing musical tones such as tubular 
chimes. 

2,245,354 
6.9 ELECTRICAL MUSICAL INSTRUMENT 


Matthew Z. Mroz, assignor to Hammond Instrument 
Company. 
June 10, 1941, U.S.P.O. Cl. 84-1.25, 6 Claims. 


This invention relates to apparatus for producing 
tremulant effects on electrical musical instruments. 


2,241,363 
6.9 ELECTRICAL MUSICAL INSTRUMENT 


Laurens Hammond. 
May 6, 1941, U.S.P.O. Cl. 84-1.17, 14 Claims. 


2,245,337 
6.9 ELECTRICAL MUSICAL INSTRUMENT 


Laurens Hammond. 
June 10, 1941, U S.P.O. Cl. 84~-1.26, 14 Claims. 


2,245,338 
6.9 MUSICAL INSTRUMENT 


Laurens Hammond. 
June 10, 1941, U.S.P.O. Cl. 84-1.01, 9 Claims. 


2,251,051 
6.9 ELECTRICAL MUSICAL INSTRUMENT 


Laurens Hammond. 
July 29, 1941, U.S.P.O. Cl. 84-1.17, 14 Claims. 


2,251,052 
6.9 ELECTRICAL MUSICAL INSTRUMENT 


Laurens Hammond. 
July 29, 1941, U.S.P.O. Cl. 84-1.25, 10 Claims. 
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2,250,065 
6.9 MUSICAL INSTRUMENT 


James A. Koehl. 
July 22, 1941, U.S.P.O. Cl. 84-171, 23 Claims. 
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A musical instrument comprising a mechanism for 
producing percussive tones in the pitch relation to notes 
of the even tempered musical scale. 





2,250,258 
6.9 MUSICAL INSTRUMENT 
Floyd A. Firestone, assignor, by mesne assignments, to 


the Hammond Instrument Company. 
July 22, 1941, U.S.P.O. Cl. 175-363, 16 Claims. 








2,241,027 
6.9 ELECTRONIC MUSICAL INSTRUMENT 


Ralph W. Bumstead, assignor to Radio Corporation of 
America. 
May 6, 1941, U.S.P.O. Cl."84-1.28, 19 Claims. 
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2,250,066 
6.9 MUSICAL INSTRUMENT 


James Manatt, assignor to Central Commercial Company. 


July 22, 1941, U.S.P.O. Cl. 84-1.17, 15 Claims. 


2,241,010 


7.7 APPARATUS FOR SILENCING PULSATING 
GASES 


Alfred S. Chipley, assignor, by mesne assignments, to the 


Burgess Battery Company. 
May 6, 1941, U.S.P.O. Cl. 181-57, 8 Claims. 










2,251,880 
7.7 MUFFLER AND SILENCER CONSTRUCTION 


Beecher B. Cary and Charles Hollerith, assignors to Hayes 
Industries, Inc. 


August 5, 1941, U.S.P.O. Cl. 181-48, 11 Claims. 





2,251,369 
7.7 SILENCER 


Chester C. Moss, assignor to Walker Manufacturing 
Company. 
August 5, 1941, U.S.P.O. Cl. 181-48, 8 Claims. 








HERBERT A. 


ERF 


2,244,393 
7.7 MUFFLER 


Lucien L. Haas, assignor to MacKenzie Muffler Company, 


June 3, 1941, U.S.P.O. Cl. 181-61, 6 Claims. 





2,241,768 
7.7 SILENCER CONSTRUCTION 


Floyd E. Deremer. 
May 13, 1941, U.S.P.O. Cl. 181-61, 4 Claims. 


2,244,060 
7.7 SILENCER FOR ROCK DRILLS 


George H. Fuehrer, assignor to Ingersoll-Rand Company. 


June 3, 1941, U.S.P.O. Cl. 121-35, 2 Claims. 


2,243,089 


9.6 SYSTEM FOR THE ARTIFICIAL PRODUCTION 
OF VOCAL OR OTHER SOUNDS 


Homer W. Dudley, assignor to Bell Telephone Labora- 
tories. 


May 27, 1941, U.S.P.O. Cl. 179-1, 26 Claims. 
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2,245,484 2,248,459 
10.3 DOG WHISTLE 10.3 HIGH FREQUENCY SOUND GENERATOR 
Apany, Theodore Leavens, assignor to The Robbins Company. Siegfried Kiesskalt, Frankfort-on-the-Main-Hochst, Ger- 
} June 10, 1941, U.S.P.O. Cl. 46-179, 4 Claims. many, assignor, by mesne assignments to Walter H. 
Duisberg. 
July 8, 1941, U.S.P.O. Cl. 116-137, 5 Claims. 
al 
43 
ar 
A whistle in which the cross-sectional area of the air 
chamber is so proportioned and the space between the air 
exit opening in the chamber and the extreme end of the 
mouth piece is so distanced as to be capable of producing 
a sound of a frequency inaudible to humans but audible 
to dogs. Means are provided for varying the effective 
length of the air chamber to change the frequency of the 
sound emitted to a sound of chosen frequency within the 
range of the whistle. 
ipany. 
TION 


rbora- : 








